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About This Book

The Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual describes the
features and operation of the Symphony™ DSP56720/DSP56721 Multi-Core Audio Processors,
including, for example, their main features, architecture, function blocks, operation modes, pin signals,
clocks, interrupts, DMA operations, and memory maps.

The DSP56720/DSP56721 Multi-Core Audio Processors are the first devices of the DSP5672x family of
programmable CMOS DSPs, designed using dual DSP56300 24-bit cores. The DSP56720/DSP56721 are
intended for automotive, consumer, and professional audio applications that require high performance for
audio processing. Potential applications include A/V receivers, HD-DVD and Blu-Ray players, car
audio/amplifiers, and professional audio equipment.

Revision History

The following table summarizes revisions to this document.

Table 1. Revision History

Revision Description

1 e |nitial release

1.1 Changed the following registers from low to high:
* TEIR

TEDR

TESR

SRT

URT

MRTPR

Audience

The Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual provides to the
design engineer the necessary data to successfully integrate the processors into a wide variety of
applications.

The intended audience for this document includes system architects, system modeling teams, IC designers,
software architects/designers, and the platform integration and testing teams. The level of detail in this
document is intended to provide the reader with sufficient information to validate the capabilities of the
processes in the targeted applications.

Organization

This reference manual is organized into chapters that describe the operation and programming of the
processors. It includes brief summaries of the major components, as well as listings of the memory maps
for the processors and shared memories.
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This manual also contains chapters that describe the operations and configuration of the peripherals,
including the modules that provide bootmodes, memory, and connectivity.

Suggested Reading

The DSP56300 Family Manual (DSP56300FM) document is suggested for a complete description of the
Symphony DSP56720/DSP56721 Multi-Core Audio Processors, and is necessary to design with the
devices. This document is helpful when used in conjunction with this reference manual.

Conventions

This reference manual uses the following conventions:

OVERBAR is used to indicate a signal that is active when pulled low: for example, RESET.
Logic level one is a voltage that corresponds to Boolean true (1) state.

Logic level zero is a voltage that corresponds to Boolean false (0) state.

To set a bit or bits means to establish logic level one.

To clear a bit or bits means to establish logic level zero.

A signal is an electronic construct whose state conveys or changes in state convey information.
A pin is an external physical connection. The same pin can be used to connect a number of signals.
Asserted means that a discrete signal is in active logic state.

— Active low signals change from logic level one to logic level zero.

— Active high signals change from logic level zero to logic level one.

Negated means that an asserted discrete signal changes logic state.

— Active low signals change from logic level zero to logic level one.

— Active high signals change from logic level one to logic level zero.

LSB means least significant bit or bits, and MSB means most significant bit or bits. References to
low and high bytes or words are spelled out.

Numbers preceded by a percent sign (%) are binary. Numbers preceded by a Ox are hexadecimal.

Courier monospaced type indicate commands, command parameters, code examples, expressions,
data types, and directives.

Italic type indicates replaceable command parameters.
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Chapter 1
Introduction

1.1 Overview

The Symphony™ DSP56720 and DSP56721 Multi-Core Audio Processors are the first devices of the
DSP5672x family of programmable CMOS DSPs, designed using multiple DSP56300 24-bit cores. The
DSP56720 and DSP56721 are intended for automotive, consumer, and professional audio applications that
require high performance for audio processing. These processors also support professional audio
applications, including audio recording, signal processing and digital audio synthesis. Potential
applications include A/V receivers, HD-DVD and Blu-Ray players, car audio/amplifiers, and professional
audio equipment. Additional device features include support for digital audio
compression/decompression, sound field processing, acoustic equalization and other digital audio
algorithms. With two DSP56300 cores, the DSP56720 (or DSP56721) device can replace two DSP devices
in designs, providing high MIPs and lower cost.

DSP56720/DSP56721 features include:
e Two DSP56300 enhanced cores: 400 MIPs (200 MIPs/core) with a 200 MHz clock; each core
includes:
— Highly parallel instruction set
— Hardware debugging support (JTAG TAP, OnCE™ module)
— Eight-channel DMA controller
— Wait and Stop low-power standby modes
* Configurable and flexible arbitration method for the shared peripherals and shared memory blocks
* Powerful audio data communication ability:

— Four Enhanced Serial Audio Interface (ESAI) modules to transmit and receive audio data. Two
ESAI modules are provided for each core. For each ESAI, up to 4 receivers and up to 6
transmitters, master or slave. Protocols include IZS, Left-Justified, Right-Justified, Sony, AC97,
network and other programmable protocols.

— One S/PDIF module is shared by the two cores to transmit and receive audio data in IEC958
format.
* Powerful host communication ports:

— Two Serial Host Interface (SHI, SHI_1) modules, with one module for each core. SHIs support
SPI and I°’C protocols, multi-master capability in I>C mode, 10-word receive FIFO, and support
for 8, 16 and 24-bit words.

— Two parallel Host Interface (HDI24, HDI24_1) modules with DMA support, with one module
for each core, supporting 8-bit, 16-bit, or 24-bit host interface. The HDI24/HDI24 _1 is a word
or byte-wide, full-duplex, double-buffered parallel port that can connect directly to the data bus
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of a host processor. The HDI24 is only available on the DSP56721 (144-pin package) and is
not available on the DSP56720 or the DSP56721 (80-pin package).

Two triple-timer modules (TEC, TEC_1), with one timer module for each core.

Two watchdog timer modules (WDT, WDT_1), with one watchdog timer module for each core, to
prevent code runaway problems.

An External Memory Controller (EMC) that can be accessed by both DSP cores, which supports
SDRAM, SRAM, EPROM, flash EPROM, burstable RAM, regular DRAM devices, and extended
data output DRAM devices. Note that the EMC is only available on DSP56720 devices, and is not
available on DSP56721 devices. The EMC includes:

— High performance SDRAM machine
— A general-purpose chip-select machine (GPCM)
— Up to three user-programmable machines (UPMs)

A seamless hardware Asynchronous Sampling Rate Converter (ASRC) that is accessible to both
cores, to support different sample rate audio data transmission reception. Three data sampling rate
convert pairs can be supported at the same time. Different pairs can be used by different cores at
the same time.

Inter-Core Communication (ICC) module:

— 64K shared memory between the two DSP56300 cores

— Supports a flexible arbitration system which allows multiple methods of arbitration
— Non-maskable and maskable interrupts between the two cores

— Poll data registers for simple data transfers

Includes as many as 79 GPIO pins, shared with other peripherals function pins; the actual number
is different for different device packages.
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1.2 Block Diagram
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Figure 1-1. DSP56720/DSP56721 Block Diagram
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1.3

Benefits and Features

In addition to high MIPS, the DSP56720/DSP56721 provides powerful and flexible audio data
communications and supports a wide variety of audio applications. This section provides a brief
description of the DSP56720/DSP56721 processor features.

The DSP56720/DSP56721 has two DSP56300 DSP cores. The high throughput of the DSP56300 family
of processors makes them well-suited for high-speed control, efficient signal processing, numeric
processing, and audio applications. Benefits of using DSP56300 cores include:

Speed: The DSP56300 family supports most high-performance DSP applications.

Precision: The data paths are 24 bits wide, providing 144 dB of dynamic range. Intermediate
results held in the 56-bit accumulators can range over 336 dB.

Parallelism: Each on-chip execution unit, memory, and peripheral operates independently and in
parallel with the other units through a sophisticated bus system. The Data ALU, AGU, and program
controller operate in parallel so that the following operations can execute in a single instruction:

— An instruction pre-fetch

— A 24-bit x 24-bit multiplication

— A 54-bit addition

— Two data moves

— Two address-pointer updates using either linear or modulo arithmetic

Flexibility: While many other DSPs require external communication devices to interface with
peripheral circuits (such as A/D converters, D/A converters, or processors), the DSP56300 family
provides on-chip serial and parallel interfaces that support various configurations of memory and
peripheral modules. The peripherals are interfaced to the DSP56300 family core through a
peripheral interface bus that provides a common interface to many different peripherals.

Sophisticated Debugging: Freescale’s On-Chip Emulation (OnCE) technology allows simple,
inexpensive, and speed-independent access to the internal registers for debugging. With the OnCE
module, you can easily determine the exact status of the registers and memory locations, plus
identify which instructions were executed last.

Phase Locked Loop (PLL)-Based Clocking: The PLL allows the chip to use almost any available
external system clock for full-speed operation, while also supplying an output clock synchronized
to a synthesized internal core clock. It improves the synchronous timing of the external memory
port, eliminating the timing skew common on other processors.

Invisible Pipeline: The seven-stage instruction pipeline is essentially invisible to the programmer,
allowing straightforward program development in either assembly language or high-level
languages such as C or C++.

Similar Instruction Set: The instruction mnemonics are similar to those used for microcontroller

units, making an easy transition from programming microprocessors to programming the device.
New microcontroller instructions, addressing modes, and bit field instructions allow for significant
decreases in program code size. The orthogonal syntax controls the parallel execution units. The

hardware DO loop and the repeat (REP) instructions make writing straight-line code obsolete.

Low Power: Designed in CMOS, the DSP56300 family consumes very little power. Two additional
low-power modes, Stop and Wait, further reduce power requirements. Wait is a low-power mode
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in which the DSP56300 core shuts down, but the peripherals and interrupt controller continue to
operate, so that an interrupt can bring the chip out of Wait mode. In Stop mode, even more of
circuitry is shut down for the lowest power consumption. Several different methods are available
to bring the chip out of Stop mode: hardware RESET, IRQA, and DE.

1.4  Overview of Peripherals

1.4.1 Direct Memory Access Controller (DMA, DMA_1)

The DMA controller enables data transfers without any interactions with the DSP cores. During DMA
accesses, it supports any combination of source and destination between internal memory, internal
peripheral I/0O, and external memory. DMA features include:

* Eight DMA channels supporting internal and external accesses
*  One-, two-, and three-dimensional transfers (including circular buffering)
* End-of-block-transfer interrupts

* Triggering from interrupt lines and all peripherals

1.4.2 Program Interrupt Controller (PIC, PIC_1)

The Program Interrupt Controller arbitrates among all interrupt requests (internal interrupts and the five
external requests IRQA, IRQB, IRQC, IRQD, and NMI), and generates the appropriate interrupt vector
address.

The Program Interrupt Controller supports:
* Both non-maskable and maskable interrupts

* Up to 18 DMA interrupts and 24 Peripheral interrupts
* Up to 9 non-maskable interrupts

1.4.3 Enhanced Serial Audio Interfaces (ESAI, ESAI_1, ESAI_2, ESAI_3)

The enhanced serial audio interfaces provide full-duplex serial GPIO pins or serial communications with
a variety of serial devices, including one or more industry-standard codecs, other DSPs, microprocessors
and other peripherals that implement the serial peripheral interface (SPI) serial protocol. Each ESAI
consists of independent transmitter and receiver sections, each with its own clock generator, and is a
superset of the DSP56300 family ESSI peripherals and the DSP56000 family SAI peripherals.

1.4.4 Serial Host Interfaces (SHI, SHI_1)

Each serial host interface provides a path for communications and program/coefficient data transfers
between the DSP core and an external host processor. The SHI can interface directly to either of two
well-known and widely used synchronous serial buses: the SPI bus and the Phillips inter-integrated-circuit
control (I2C) bus. The SHI supports either the SPI or I2C bus protocol, as required, from a slave or a
single-master device. To minimize DSP overhead, the SHI supports single-, double- and triple-byte data
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transfers. The SHI has a 10-word receive FIFO that permits receiving up to 30 bytes before generating a
receive interrupt, reducing the overhead for data reception.

1.4.5 Host Interfaces (HDI24, HDI24_1)

The host interfaces (HDI24/HDI24_1) support a byte-wide, 16-bit wide, or 24-bit wide, full-duplex,
double-buffered parallel port that can connect directly to the data bus of a host processor.

The host interface supports a variety of buses and provides connection with a number of industry-standard
DSPs, microcontrollers, and microprocessors, without requiring any additional logic. The DSP core treats
the host interface as a memory-mapped peripheral, occupying eight 24-bit words in data memory space.

The DSP can use the host data interface as a memory-mapped peripheral, using either standard polled or
interrupt programming techniques. Separate double-buffered transmit and receive data registers allow the
DSP and host processor to transfer data efficiently at high speeds. Memory mapping allows you to program
DSP core communications with the host interface registers, using standard instructions and addressing
modes.

NOTE
The HDI24/HDI24_1 are only present on the DSP56721, 144-pin package.

1.4.6 Triple Timers (TEC, TEC_1)

Each Triple Timer is composed of a common 21-bit prescaler and three independent and identical general
purpose 24-bit timer event counters, with each timer having its own register set. Each timer can use internal
or external clocking, and can also interrupt the DSP after a specified number of events (clocks). Each of

the three timers can signal an external device after counting internal events. Each timer can also be used

to trigger DMA transfers after a specified number of events (clocks) have occurred.

Each of the three timers connects to the external world through bidirectional pins (TIO0, TIO1 and TIO2).
When a TIO pin is configured as input, the timer functions as an external event counter or can measure
external pulse width/signal period. When a TIO pin is used as output, the timer is functioning as either a
timer, a watchdog or a Pulse Width Modulator. When a TIO pin is not used by the timer, it can be used as
a General Purpose Input/Output Pin. Not all timer pins are available on all packages.

1.4.7 Watch Dog Timers (WDT, WDT_1)

Each watchdog timer is a 16-bit timer used to help software recover from runaway code. The timer is a
free-running down-counter used to generate a reset on underflow. Software must periodically service the
watchdog timer to restart the count down.

1.4.8 Core Integration Modules (CIM, CIM_1)

Each DSP core has a Core Integration Module. Each core integration module includes a chip ID register,
DMA stall monitor function, and OnCE global data bus (GDB) register.
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1.4.9 Sony/Philips Digital Interface (S/PDIF)

The Sony/Philips Digital Interface (S/PDIF) audio module is a transceiver that allows the DSP to receive
and transmit digital audio via this module. The DSP provides a single S/PDIF receiver with four
multiplexed inputs, and one S/PDIF transmitter with two outputs. The S/PDIF module can also transmit
and receive the S/PDIF channel status (CS) and user (U) data. Not all S/PDIF pins are available on all
packages.

Note that there is only one S/PDIF in each DSP56720/DSP56721 device, shared by the two DSP cores.

1.4.10 Asynchronous Sample Rate Converter (ASRC)

Incoming audio data to the DSP can be received from various sources at different sampling rates. Outgoing
audio data from the DSP can have different sampling rates, and additionally, it can be associated with
output clocks that are asynchronous to the input clocks. The Asynchronous Sample Rate Converter
(ASRC) converts the sampling rate of a signal associated to an input clock into a signal associated to a
different output clock.

The ASRC supports concurrent sample rate conversion of up to 10 channels of about 120 dB THD+N. The
sample rate conversion of each channel is associated to a pair of incoming and outgoing sampling rates.

The ASRC supports up to three sampling rate pairs. Although there is only one ASRC in the
DSP56720/DSP56721 device (shared by the two DSP cores), the three sample rate pairs can be used by
both DSP cores at the same time. The ASRC is hard-coded and implemented as a co-processor, requiring
minimal CPU or DSP controller intervention.

1.4.11 External Memory Controller (EMC)

The EMC provides a seamless interface to many types of memory devices and peripherals over a shared
address and data bus and dedicated control signals. The memory controller in the EMC controls a
parameterized number of memory banks shared by a high performance SDRAM machine, a
general-purpose chip-select machine (GPCM), and up to three user-programmable machines (UPMs).

With external latching, it supports connections to synchronous DRAM (SDRAM), SRAM, EPROM, flash
EPROM, burstable RAM, regular DRAM devices, extended data output DRAM devices, and other
peripherals. Support signals for external address latch (LALE) allows multiplexing of address with data
lines in devices with strict pin count limitations.

Note that there is one EMC in each DSP56720 device, shared by the two DSP cores. Both cores can access
external memory using the EMC. (DSP56721 devices do not have an EMC.)
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1.4.12 Clock Generation Module (CGM)

The Clock Generation Module generates all clocks in the DSP56720/DSP56721 device; the output is a
series of gated clocks. The CGM uses a low jitter phase-locked loop (PLL). The PLL has a wide range of
frequency multiplications (1 to 256), predivider factors (1 to 32) and output divider (1 to 8). The CGM also
has a power saving clock divider (2':1 =0 to 7).

In functional mode, the PLL control register (PCTL) sits on the Shared Peripheral bus; both DSP cores can
read and write these registers to change the chip’s working frequency. Additionally, each core can
independently enter stop or wait mode to save power. The shared peripherals enter power-saving mode
only when both DSP cores enter the stop mode.

1.4.13 Shared Memory

The shared memory is a shared memory space accessible by either DSP Core-0 or DSP Core-1. The
DSP56720/DSP56721 shared memory has eight 8K x 24 words memory blocks for a total of 64K shared
words and is located starting from $030000. It can be accessed as X or Y memory (with zero wait states)
or as P memory (with 1 wait state).

The 8K x 24 words blocks are single port SRAMs; the Shared Bus Arbiter perform arbitration when the
two DSP cores try to access the same 8K x 24 SRAM block at the same time. No bus contentions occur
when the two DSP cores access different 8K x 24 SRAM blocks simultaneously.

1.4.14 Inter-Core Communication (ICC)

Using the inter-core communication module, each DSP core can issue a maskable interrupt or
non-maskable interrupt to the other core, and each core has its own write data register (which passes data
to the other core when the interrupt is generated). There are also poll data registers for inter-core data
exchange in the ICC. The ICC module interfaces with both cores’ dedicated peripheral buses.

1.4.15 Shared Bus Arbiters

The Shared Bus Arbiter provides arbitration between the two DSP cores for the shared peripherals, shared
memory and shared external memory interface (if available). It is a configurable arbiter, so users can
choose the arbitration method via the appropriate chip configuration registers. The Shared Bus Arbiter
supports using one of three arbitration schemes:

* Always round-robin method
* DSP Core-0 always has high priority
e DSP Core-1 always has high priority
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1.4.16 Chip Configuration Module

The Chip Configuration module contains several registers which establish the mode of operation for
various internal blocks, modules, and some of the peripherals. These registers include:

Control bits of Shared Bus Arbiters

EMC Burst Mode control bits

Pin mux/switch control of ESAI S/PDIF, S/PDIF Rx Clock output mux on ESAI HCKR pins
Shared peripherals Soft Reset triggering and auto-release

EMC PLL control and status

1.4.17 JTAG Controller

In the DSP56720/DSP56721 devices, two separate DSP cores are supported, each with their own OnCE
and JTAG TAP controller. The two JTAG TAPs are daisy-chained, and appear to be two separate single
core devices to the outside world.
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Chapter 2

Signal Descriptions

2.1

Signal Groupings

Each product (DSP56720, DSP56721) is available in a variety of packages, which affects whether some
modules use dedicated or shared external pins. See Table 2-1.

Table 2-1. DSP56720/DSP56721 Shared/Dedicated Pins

Controller

DSP56720 DSP56721
Function Module
144-pin 80-pin 144-pin
Timers TEC None None TIOO Only
TEC_1 None None TIOO Only
Enhanced Serial Audio ESAI No SDOO0, SDO1 No SDOO0, SDO1 All
Interface
ESAI_1 No SDOO0, SDO1, FST, FSR, No SDOO0, SDOf1, FST, No HCKR, HCKT?
SCKT, SCKR, HCKT, HCKR' | FSR, SCKT, SCKR, HCKT,
HCKR!
ESAI_2 No SDOO0, SDO1, FST, FSR, No SDOO0, SDO1, FST, No HCKR, HCKT*
SCKT, SCKR, HCKT, HCKR® | FSR, SCKT, SCKR, HCKT,
HCKR3
ESAI_3 No SDOO0, SDO1 No SDOO0, SDO1, HCKR All
Serial Host Interface SHI All All All
SHI_1 Only SS, others muxed with Only SS; others muxed All
SHI with SHI
Watchdog Timer WDT All All All
WDT_1 Muxed with WDT Muxed with WDT Muxed with WDT
Host Interface HDI24 N/A N/A All®
HDI24_1 N/A N/A Muxed with HDI24
General Purpose I/0 GPIO Only PG1, PG2 None Only PG1, PG2, PG18
Sony/Philips Digital S/PDIF Only SPDIFIN and None;muxed with ESAI_2’s All
Interface Format SPDIFOUTH1 SDO2, SDO3
External Memory EMC All Not applicable, because DSP56721 does not have an

EMC module.

' Clock and Frame Sync signals can be shared with ESAL.

2 Clock signals can be shared with ESAL.

3 Clock and Frame Sync signals can be shared with ESAI_3.
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4 Clock signals can be shared with ESAI_3.

5 Lack of PG19, PG20, PG21 and TIO1, TIO2, TIO1_1, TIO2_1 prevent HDI24 from interfacing to a 24-bit host interface. Can
only support 8-bit or 16-bit host interface.

The input and output signals of the DSP56720/DSP56721 are organized into functional groups, as listed
in Table 2-2. The DSP56720/DSP56721 devices are operated from a 1.0 V core voltage and 3.3 V power
IO voltage supply. However, all of the device functional inputs can tolerate 5.0 V.

Table 2-2. DSP56720/DSP56721 Signal Groups

Number of Signals

Signal Group Signal DSP56720 DSP56721 DDeta."e.d
escription
144-Pin 80-Pin 144-pin
Power, Ground, Scan, Power (Vpp) 21 13 20 Table 2-3
Clock, Interrupts
Ground (GND) 21 18 26 Table 2-4
Scan Pins 1 1 1 Table 2-5
Reset Pin 1 1 1 Table 2-7
Clock and PLL Port G8 4 4 4 Table 2-6
Shared External Port G8 5 5 5 Table 2-8
Interrupt Pins / Mode Table 2-9
Control
DSP Core-0 Peripheral Pins SHI Port H' 5 5 5 Table 2-11
HDI24 Port G8 0 0 16 Table 2-20
ESAI Port C2 10 10 12 Table 2-13
ESAI_1 Port E3 4 4 10 Table 2-14
TEC - 0 0 1 Table 2-18
WDT No GPIO 1 1 1 Table 2-17
Function
DSP Core-1 Peripheral Pins SHI_1 Port H14 1 1 5 Table 2-12
HDI24_1 Port G8 0 0 0 Table 2-20
ESAI_2 Port C1° 4 4 10 Table 2-15
ESAL_3 Port E16 10 9 12 Table 2-16
TEC_1 - 0 0 1 Table 2-19
WDT_1 No GPIO 0 0 0 -
Function
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Table 2-2. DSP56720/DSP56721 Signal Groups (continued)

Number of Signals
. . Detailed
Signal Group Signal DSP56720 DSP56721 D .
escription
144-Pin 80-Pin 144-pin
Pins of Shared Peripherals SPDIF Port G8 2 0 7 Table 2-22
EMC® Port A7 48 0 0 Table 2-21
GPIO PORT Gand | PortG8 2 0 3 Table 2-23
Mode Pins

JTAG/OnCE Port 4 4 4 Table 2-24

for the two DSP Cores

Note: Port H signals are the GPIO port signals that are multiplexed with the SHI HREQ signal.

Port C signals are the GPIO port signals that are multiplexed with the ESAI signals.

Port E signals are the GPIO port signals that are multiplexed with the ESAI_1 signals.

Port H1 signals are the GPIO port signals that are multiplexed with the SHI_1 HREQ_1 signals.

Port C1 signals are the GPIO port signals that are multiplexed with the ESAI_2 signals.

Port E1 signals are the GPIO port signals that are multiplexed with the ESAI_3 signals.

Port A signals are the GPIO port signals that are multiplexed with the EMC.

Port G signals are the GPIO port signals that are multiplexed with S/PDIF, shared external maskable interrupts,
PLL lock output signals, and HDI24/HDI24_1 shared pins.

9. DSP56720 products have an EMC; DSP56721 products do not have an EMC.

©ONOOOhON~
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Figure 2-1. DSP56721 80-Pin Package Pin-Out
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Figure 2-2. DSP56721 144-Pin Package Pin-Out
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Figure 2-3. DSP56720 144-Pin Package Pin-Out
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2.2  Signals in Each Functional Group
2.2.1 Power
Table 2-3. Power Pins
Power Name Description
PLLA_VDD |PLL Power
PLLP_VDD | The voltage (3.3 V) should be well-regulated and the input should be provided with an extremely low impedance
PLLA1_VDD | path to the 3.3 VDD power rail. The user must provide adequate external decoupling capacitors.
PLLP1_VDD
PLLD_VDD |PLL Power
PLLD1_VDD | The voltage (1.0 V) should be well-regulated and the input should be provided with an extremely low impedance
path to the 1.0 VDD power rail. The user must provide adequate external decoupling capacitors.
CORE_VDD | Core Power
The voltage (1.0 V) should be well-regulated and the input should be provided with an extremely low impedance
path to the 1.0 VDD power rail. The user must provide adequate decoupling capacitors.
I0_VvDD 1/0 Power
The voltage (3.3 V) should be well-regulated and the input should be provided with an extremely low impedance
path to the 3.3 Vpp power rail. This is an isolated power for the SHI, SHI_1, ESAI, ESAI_1, ESAI_2, ESAI_3,
Timer 1/0O, HDI24 and other 10 signals. The user must provide adequate external decoupling capacitors.
2.2.2 Ground
Table 2-4. Ground Pins
Ground Name Description
PLLA_GND PLL Ground
PLLP_GND The PLL ground should be provided with an extremely low-impedance path to ground. The user must provide
PLLA1_GND |adequate external decoupling capacitors.
PLLP1_GND
PLLD_GND PLL Ground
PLLD1_GND | The PLL ground should be provided with an extremely low-impedance path to ground. The user must provide
adequate external decoupling capacitors.
CORE_GND | Core Ground
The Core ground should be provided with an extremely low-impedance path to ground. This connection must
be tied externally to all other chip ground connections. The user must provide adequate external decoupling
capacitors.
I0_GND 1/0 Ground
IO_GND is an isolated ground for the SHIs, ESAIls, HDI24s, Timer I/O and LIBU IO. This connection must be
tied externally to all other chip ground connections. The user must provide adequate external decoupling
capacitors.
GND Ground

This connection must be tied externally to all other chip ground connections. The user must provide adequate
external decoupling capacitors.
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2.2.3 SCAN
Table 2-5. SCAN Signals
Signal State During -
Name Type Reset Description
SCAN Input Input SCAN
Manufacturing test pin. This pin should be pulled low.
Uses internal pull-down resistor.
224 Clock and PLL
Table 2-6. Clock and PLL Signals
Signal State During e
Name Type Reset Description
EXTAL Input Input External Clock / Crystal Input
An external clock source must be connected to EXTAL to supply the clock to the
internal clock generator and PLL.
XTAL Output Chip Driven | Crystal Output
Connects the internal Crystal Oscillator output to an external crystal. If an external
clock is used, leave XTAL unconnected.
PLOCK Output MODCO PLL Lock/GPIO Port G Pin 0
Input During assertion of RESET, the PLOCK pin acts as a mode pin input, and when
RESET is de-asserted, the state of the PLOCK pin is latched into the Core-0 (MDC
of Core-0’s OMR). After RESET is de-asserted, PLOCK is output “0”; and goes high
when the internal PLL is locked.
MODCO Input MODCO
MODAO, MODBO0, MODCO, and MODDO levels select one of 16 initial chip operating
modes of DSP Core-0, and are latched into the DSP Core-0's OMR when the
RESET signal is de-asserted.
PGO Input, Output, GPIO Port GO
or When the PLOCK is configured as GPIO, this pin is individually programmable as
Disconnected input, output, or internally disconnected.
Uses an internal pull-up resistor.
PINIT/NMI Input Input PLL Initial/Nonmaskable Interrupt for DSP Core-0

During assertion of RESET, the value of PINIT/NMI is written into the PLL Enable
(PEN) bit of the PLL control register, determining whether the PLL is enabled or
disabled.

After RESET de-assertion and during normal instruction processing, the PINIT/NMI
Schmitt-trigger input is a negative-edge-triggered nonmaskable interrupt (NMI)
request for DSP Core-0, internally synchronized to the internal system clock.

Uses an internal pull-up resistor.
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2.2.5

Reset Pin

Signal Descriptions

Assert Reset to low and then high, to force a reset of the DSP cores. Table 2-7 provides the Reset pin
description information.

Table 2-7. Reset Pin

Signal State During I
Name Type Reset Description
RESET | Input Input RESET is an active-low, Schmitt-trigger input. When asserted, the chip is placed in the Reset
state and the internal phase generator is reset. The Schmitt-trigger input allows a slowly rising
input (such as a capacitor charging) to reset the chip reliably. When the RESET signal is
de-asserted, the initial two cores operating modes are latched from the MODAO, MODBO,
MODCO0, MODDO, MODA1, MODB1, MODC1, and MODD1 inputs. The RESET signal must be
asserted during power up. A stable EXTAL signal must be supplied while RESET is being
asserted. Uses an internal pull-up resistor.
2.2.6 Interrupt and Mode Control

The interrupt and mode control signals select the operating mode of the DSP cores as the cores come out
of hardware reset. After RESET is de-asserted, these inputs are used as hardware interrupt request lines.

Table 2-8. Interrupt and Mode Control

Signal Name

Type

State During

Reset Description

MODAO/IRQA

PG5

Input

Input, Output,
or
Disconnected

MODAO
Input

Mode Select A0O/External Interrupt Request A

MODAO/IRQA is an active-low Schmitt-trigger input, internally synchronized to
the DSP clock. MODAO/IRQA selects the initial Core-0 operating mode during
hardware reset, and becomes a two-core shared, level-sensitive or
negative-edge-triggered, maskable interrupt request input during normal
instruction processing, This pin can also be programmed as GPIO.

MODAO, MODBO0, MODCO, and MODDO levels select one of 16 initial chip
operating modes, and are latched into the DSP Core-0’'s OMR when the RESET
signal is de-asserted. If the processor is in the stop standby state and the
MODAO/IRQA pin is pulled to GND, the processor will exit the stop state.

GPIO Port G5

When the MODAO/IRQA is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected; and can be controlled
by either of the two cores. Uses an internal pull-up resistor.

MODBO0/IRQB

Input

MODBO
Input

Mode Select BO/External Interrupt Request B

MODBO/IRQB is an active-low Schmitt-trigger input, internally synchronized to
the DSP clock. MODBO/IRQB selects the initial DSP Core-0 operating mode
during hardware reset and becomes a two-core shared, level-sensitive or
negative-edge-triggered, maskable interrupt request input during normal
instruction processing. This pin can also be programmed as GPIO.

MODAO, MODBO0, MODCO, and MODDO levels select one of 16 initial chip
operating modes, and are latched into the DSP Core-0’'s OMR when the RESET
signal is de-asserted.
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Table 2-8.

Interrupt and Mode Control (continued)

Signal Name

PG6

Type

Input, Output,
or
Disconnected

State During
Reset

Description

GPIO Port G6

When the MODBO/IRQB is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected; and can be controlled
by either of the two cores. Uses an internal pull-up resistor.

MODA1/IRQC

PG7

Input

Input, Output,
or
Disconnected

MODAA1
Input

Mode Select A1/External Interrupt Request C

MODA1/IRQC is an active-low Schmitt-trigger input, internally synchronized to
the DSP clock. MODA1/IRQC selects the initial DSP Core-0 operating mode
during hardware reset and becomes a level-sensitive or negative-edge-triggered,
maskable interrupt request input during normal instruction processing. This pin
can also be programmed as GPIO.

MODA1, MODB1, MODC1, and MODD1 levels select one of 16 initial chip
operating modes, and are latched into the DSP Core-1 OMR when the RESET
signal is de-asserted.

GPIO Port G7

When the MODA1/IRQC is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected; and this signal can be
controlled by either of the two cores. Uses an internal pull-up resistor.

MODB1/IRQD

PG8

Input

Input, Output,
or
Disconnected

MODBH1
Input

Mode Select B1/External Interrupt Request D

MODB1/IRQD is an active-low Schmitt-trigger input, internally synchronized to
the DSP clock. MODB1/IRQD selects the initial DSP Core-1 operating mode
during hardware reset and becomes a level-sensitive or negative-edge-triggered,
maskable interrupt request input during normal instruction processing. This pin
can also be programmed as GPIO.

MODA1, MODB1, MODC1, and MODD1 levels select one of 16 initial chip
operating modes, and are latched into the DSP Core-1 OMR when the RESET
signal is de-asserted.

GPIO Port G8

When the MODB1/IRQD is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected; and can be controlled
by either of the two cores. Uses an internal pull-up resistor.
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2.2.7 DSP Core-1 Non-Maskable Interrupt (NMI1)

DSP Core-1 has a dedicated NMI pin.
Table 2-9. Non-Maskable Interrupt for DSP Core-1 (NMi1)

State During

Signal Name | Type Reset

Description

NMI1 Input MODC1 Nonmaskable interrupt for DSP Core-1

Input After RESET deassertion and during normal instruction processing, the NMI1
Schmitt-trigger input is a negative-edge-triggered nonmaskable interrupt request for DSP
Core-1, and is internally synchronized to the internal system clock.

MODC1 Input Operating modes

MODA1, MODB1, MODC1, and MODD1 levels select one of 16 initial chip operating
modes of DSP Core-1, and are latched into the DSP Core-1’'s OMR when the RESET
signal is de-asserted.

Uses an internal pull-up resistor.

2.2.8 Serial Host Interface (SHI and SHI_1)

There are two SHI modules in each DSP56720/DSP56721 device: SHI and SHI_1. SHI is used by DSP
Core-0, while SHI_1 is used by DSP Core-1. Each of the two SHI modules has five I/O signals that can be
configured in either SPI or I>C mode.

In the DSP56721 80-pin and DSP56720 144-pin packages, the two SHI modules share one group of SHI
pins, with separate SS/HA?2 and SS_1/HA2_1 pins.

In the DSP56721 144-pin package, each of the two SHI modules has dedicated SHI pins as shown in
Table 2-10.

Table 2-10. DSP56720/DSP56721 SHI Pin Configuration

Product Package SHI Pin Configuration
DSP56720 144-pin Both SHI modules (SHI, SHI_1) share one group of SHI pins, except for the SS pin.
DSP56721 80-pin Both SHI modules (SHI, SHI_1) share one group of SHI pins, except for the SS pin.
144-pin Each of the two SHI modules uses dedicated SHI pins.
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Table 2-11. Serial Host Interface Signals (SHI)

Signal . Stal_te _
Signal Type During Description
Name
Reset
SCK Input or Tri-stated | SPI Serial Clock
Output When the SPI is configured as a master, the SCK signal is an output; when the SPI
is configured as a slave, the SCK signal is a Schmitt-trigger input.
When the SPI is configured as a master, the SCK signal is derived from the internal
SHI clock generator.
When the SPI is configured as a slave, the SCK signal is an input, and the clock
signal from the external master synchronizes the data transfer. The SCK signal is
ignored by the SPI if it is defined as a slave and the slave select (SS) signal is not
asserted.
In both the master and slave SPI devices, data is shifted on one edge of the SCK
signal and is sampled on the opposite edge where data is stable. Edge polarity is
determined by the SPI transfer protocol.
SCL Input or I2C Serial Clock
Output SCL carries the clock for I°C bus transactions in the 1°C mode. When the SPI is
configured as a master, SCL is an open-drain output; when the SPI is configured as
a slave, SCL is a Schmitt-trigger input.
SCL should be connected to Vpp through a pull-up resistor.
This signal is tri-stated during hardware, software and individual reset. Thus, there
is no need for an external pull-up in this state.
This pin is shared by SHI and SHI_1 in DSP56721 80-pin and DSP56720 144-pin
packages.
Uses an internal pull-up resistor.
MISO Input or Tri-stated | SPI Master-In-Slave-Out
Output When the SPI is configured as a master, MISO is the master data input line. The
MISO signal is used in conjunction with the MOSI signal for transmitting and
receiving serial data.
When the SPI is configured as a master, MISO is a Schmitt-trigger input; when the
SPI is configured as a slave, MISO is an output, and is tri-stated when SSis
deasserted.
An external pull-up resistor is not required for SPI operation.
SDA Input or I°C Data and Acknowledge
Open-drain In I°C mode, SDA is a Schmitt-trigger input when receiving and an open-drain output
Output when transmitting. SDA should be connected to Vpp through a pull-up resistor.
SDA carries the data for I2C transactions. The data in SDA must be stable during the
high period of SCL. The data in SDA is only allowed to change when SCL is low.
When the bus is free, SDA is high.
In start and stop events, the SDA line is only allowed to change during the time SCL
is high.
A start event is a high-to-low transition of the SDA line while SCL is high. A stop event
is a low-to-high transition of SDA while SCL is high.
This signal is tri-stated during hardware, software and individual reset. Thus, there
is no need for an external pull-up in this state.
This pin is shared by SHI and SHI_1 in DSP56721 80-pin and DSP56720 144-pin
packages.
Uses an internal pull-up resistor.
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Table 2-11.

Signal Descriptions

Serial Host Interface Signals (SHI) (continued)

Signal
Name

Signal Type

State
During
Reset

Description

MOSI

HAO

Input or
Output

Input

Tri-stated

SPI Master-Out-Slave-In

When the SPI is configured as a master, MOSI is the master data output line. The
MOSI signal is used in conjunction with the MISO signal for transmitting and
receiving serial data.

When the SPI is configured as a slave, MOSI is the slave data input line, and is a
Schmitt-trigger input.

I2C Slave Address 0

When configured for I2C slave mode, HAO is used to form the slave device address,
and is a Schmitt-trigger input.

When configured for I°C master mode, HAO is ignored.

This signal is tri-stated during hardware, software and individual reset. Thus, there
is no need for an external pull-up in this state.

This pin is shared by SHI and SHI_1 in DSP56721 80-pin and DSP56720 144-pin
packages.

Uses an internal pull-up resistor.

HA2

Input

Input

Tri-stated

SPI Slave Select

When configured for SPI Slave mode, SSis used to enable the SPI slave for transfer,
and is an active low Schmitt-trigger input.

When configured for SPI master mode, SS should be kept de-asserted (pulled high).
If SS is asserted while configured in SPI master mode, a bus error condition is
flagged. If SS is de-asserted while configured in SPI master mode, the SHI ignores
SCK clocks and keeps the MISO output signal in the high-impedance state.

I°C Slave Address 2

When configured for I2C slave mode, HA2 is used to form the slave device address,
and is a Schmitt-trigger input.

When configured for I°C master mode, HA2 is ignored.

This signal is tri-stated during hardware, software and individual reset. Thus, there
is no need for an external pull-up in this state.
Uses an internal pull-up resistor.
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Table 2-11.

Serial Host Interface Signals (SHI) (continued)

Signal
Name

Signal Type

State
During
Reset

Description

PH4

Input or
Output
Input, Output,
or
Disconnected

Tri-stated

SHI_1’s Host Request

When configured for SPI master mode, this signal is an active low Schmitt-trigger
input. When asserted by the external slave device, HREQ will trigger the start of the
data word transfer by the master. After finishing the data word transfer, the master
will await the next assertion of HREQ to proceed to the next transfer. This pin can
also be programmed as GPIO.

When configured for SPI slave mode, this signal is an active low output. HREQ is
asserted to indicate that the SHI is ready for the next data word transfer; HREQ is
de-asserted at the first clock pulse of the new data word transfer.

Port H4
When HREQ is configured as GPIO, this signal is individually programmable as
input, output, or internally disconnected.

This signal is tri-stated during hardware, software and individual reset, or when the
HREQ1-HREQO bits in the HCSR are cleared. There is no need for an external
pull-up in this state.

This pin is shared by SHI and SHI_1 in DSP56721 80-pin and DSP56720 144-pin
packages.

Uses an internal pull-up resistor.

Table 2-12. Serial Host Interface Signals (SHI_1)

Signal
Name

Signal Type

State
during
Reset

Description

SCK_1

SCL_1

Input or
Output

Input or
Output

Tri-stated

SHI_1’s SPI Serial Clock

When configured for SPI master mode, SCK_1 is an output, and is derived from
the internal SHI clock generator.

When configured for SPI slave mode, SCK_1 is a Schmitt-trigger input, and the
clock signal from the external master synchronizes the data transfer. The SCK_1
signal is ignored by the SPI if it is defined as a slave and the slave select (SS_1)
signal is not asserted.

In both the master and slave SPI devices, data is shifted on one edge of the
SCK_1 signal and is sampled on the opposite edge where data is stable. Edge
polarity is determined by the SPI transfer protocol.

SHI_1’s I°C Serial Clock

SCL_1 carries the clock for I°C bus transactions in the I1°C mode. When
configured for SPI master mode, SCL_1 is an open-drain output. When
configured for SPI slave mode, SCL_1 is a Schmitt-trigger input. SCL_1 should
be connected to Vpp through a pull-up resistor.

This signal is tri-stated during hardware, software and individual reset. Thus,
there is no need for an external pull-up in this state.

This pin is only available in the DSP56721 144-pin package.

Uses an internal pull-up resistor.
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Signal Descriptions

Table 2-12. Serial Host Interface Signals (SHI_1) (continued)

Signal . St"’!‘e .
N Signal Type during Description
ame
Reset
MISO_1 Input or Tri-stated | SHI_1’s SPI Master-In-Slave-Out
Output When the SPI is configured as a master, MISO_1 is the master data input line,
and is a Schmitt-trigger input. The MISO_1 signal is used in conjunction with the
MOSI_1 signal for transmitting and receiving serial data.
When the SPI is configured as a slave, MISO_1 is an output, and tri-stated when
SS_1 is deasserted.
An external pull-up resistor is not required for SPI operation.
SDA_1 Input or SHI_1 I°C Data and Acknowledge
Open-drain In 1°C mode, SDA_1 is a Schmitt-trigger input when receiving and an open-drain
Output output when transmitting. SDA_1 should be connected to Vpp through a pull-up
resistor.
SDA _1 carries the data for I12C transactions. The data in SDA_1 must be stable
during the high period of SCL_1. The data in SDA_1 is only allowed to change
when SCL_1 is low. When the bus is free, SDA_1 is high.
The SDA_1 line is only allowed to change during the time SCL_1 is high in the
case of start and stop events.
A start event is a high-to-low transition of the SDA_1 line while SCL_1 is high. A
stop event is a low-to-high transition of SDA_1 while SCL_1 is high.
This signal is tri-stated during hardware, software and individual reset. Thus,
there is no need for an external pull-up resistor in this state.
This pin is only available in the DSP56721 144-pin package.
Uses an internal pull-up resistor.
MOSI_1 Input or Tri-stated | SHI_1’s SPI Master-Out-Slave-In
Output When the SPI is configured as a master, MOSI is the master data output line.
The MOSI_1 signal is used in conjunction with the MISO_1 signal for
transmitting and receiving serial data.
When the SPl is configured as a slave, MOSI_1 is the slave data input line, and
is a Schmitt-trigger input.
HAO_1 Input SHI_1’s I°C Slave Address 0

When configured for I2C slave mode, HAO_1 is used to form the slave device
address, and is a Schmitt-trigger input.
When configured for I°C master mode, HAO_1 is ignored.

This signal is tri-stated during hardware, software and individual reset. Thus,
there is no need for an external pull-up in this state.

This pin is only available in the DSP56721 144-pin package.

Uses an internal pull-up resistor.
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Signal Descriptions

Table 2-12. Serial Host Interface Signals (SHI_1) (continued)

Signal . St"’!‘e .
N Signal Type during Description
ame
Reset

SS_1 Input Tri-stated | SHI_1’s SPI Slave Select
When configured for SPI_1 Slave mode, SS_1 is used to enable the SPI_1 slave
for transfer, and is an active low Schmitt-trigger input.
When configured for SPI_1 master mode, SS_1 should be kept de-asserted
(pulled high). If SS is asserted while configured in SPI_1 master mode, a bus
error condition is flagged. If SS_1 is de-asserted while configured in SPI_1
master mode, the SHI_1 ignores SCK_1 clocks and keeps the MISO_1 output
signal in the high-impedance state

HA2_1 Input SHI_1’s IC Slave Address 2
When configured for 12C slave mode, HA2_1 is used to form the slave device
address, and is a Schmitt-trigger input.
When configured for I2C master mode, HA2_1 is ignored.
This signal is tri-stated during hardware, software and individual reset. Thus,
there is no need for an external pull-up resistor in this state.
Uses an internal pull-up resistor.

HREQ_1 Input or Tri-stated | SHI_1’s Host Request
Output When configured for SPI master mode, HREQ_1 is an active low input

(Schmitt-trigger). When asserted by the external slave device, HREQ_1 will
trigger the start of the data word transfer by the master. After finishing the data
word transfer, the master will await the next assertion of HREQ_1 to proceed to
the next transfer.
When configured for SPI slave mode, HREQ_1 is an active low output. HREQ_1
is asserted to indicate that the SHI is ready for the next data word transfer;
HREQ_1 is de-asserted at the first clock pulse of the new data word transfer.
This pin can also be programmed as GPIO.

PH4_1 Input, Output, Port H4_1

or One GPIO in of Port H1. When HREQ_1 is configured as GPIO, this signal is
Disconnected individually programmable as input, output, or internally disconnected.

This signal is tri-stated during hardware, software and individual reset, or when
the HREQ1-HREQO bits in the HCSR are cleared. There is no need for an
external pull-up resistor in this state.
This pin is only available in the DSP56721 144-pin package.
Uses an internal pull-up resistor.
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2.2.9

ESAI_3)

There are four groups of ESAI pins: ESAI, ESAI_1, ESAI_2 and ESAI_3. ESAl and ESAI_1 pins are used
by the DSP Core-0. ESAI_2 and ESAI_3 are used by DSP Core-1. The next four tables show the pins for
each ESAI group.

Signal Descriptions

Enhanced Serial Audio Interface Signals (ESAI, ESAI_1, ESAI_2,

Pin switching between ESAI modules features are supported: ESAI can switch pins with ESAI_2, and
ESAI_I can switch pins with ESAI_3. The switch controls are pin by pin.

Table 2-13. Enhanced Serial Audio Interface Signals (ESAI)

Signal Name

Signal Type

State during
Reset

Description

HCKR

PC2

SRCK

Input or Output

Input, Output, or
Disconnected

Output

GPIO
Disconnected

ESAI's High Frequency Clock for Receiver

When programmed as an input, this signal provides a high frequency clock
source for the ESAI receiver (as an alternative to the DSP core clock).
When programmed as an output, this signal can serve as a high-frequency
sample clock (for example, for DACs or as an additional system clock.

GPIO Port C2
When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.

S/PDIF Receive Clock— This Pin can be used as S/PDIF receive clock
output; this clock is generated by the internal S/PDIF’s DPLL, controlled
by the ERCO bits in Pin MUX Control Register of the Chip Configuration
Module.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.

HCKT

PC5

STCLK

Input or Output

Input, Output, or
Disconnected

Input

GPIO
Disconnected

ESAI’s High Frequency Clock for Transmitter

When programmed as an input, this signal provides a high frequency clock
source for the ESAI transmitter (as an alternative to the DSP core clock).
When programmed as an output, this signal can serve as a high frequency
sample clock (for example, for external DACs) or as an additional system
clock.

GPIO Port C5
When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.

S/PDIF Transmit Clock— This Pin can be used as S/PDIF transmit clock
input; controlled by the ClkSrc_Sel bits in the S/PDIF PhaseConfig
Register.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
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Signal Descriptions

Table 2-13. Enhanced Serial Audio Interface Signals (ESAI) (continued)

Signal Name

Signal Type

State during
Reset

Description

FSR

PC1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI’s Frame Sync for Receiver

This is the receiver frame sync input/output signal.

In the asynchronous mode (SYN=0), the FSR pin operates as the frame
sync input or output used by all the enabled receivers.

In the synchronous mode (SYN=1), the FSR pin operates as either the
serial flag 1 pin (TEBE=0), or as the transmitter external buffer enable
control (TEBE=1, RFSD=1).

When the FSR pin is configured as serial flag pin, its direction is
determined by the RFSD bit in the RCCR register.

When configured as the output flag OF 1, the FSR pin will reflect the value
of the OF1 bit in the SAICR register, and the data in the OF1 bit will show
up at the pin synchronized to the frame sync in normal mode or to the slot
in network mode.

When configured as the input flag IF1, the data value at the FSR pin will be
stored in the IF1 bit in the SAISR register, synchronized by the frame sync
in normal mode or by the slot in network mode.

GPIO Port C1
When the ESAI is configured as GPIOQ, this signal is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.

FST

PC4

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI’s Frame Sync for Transmitter

This is the transmitter frame sync input/output signal.

For synchronous mode, this signal is the frame sync for both transmitters
and receivers.

For asynchronous mode, FST is the frame sync for the transmitters only.

The direction is determined by the transmitter frame sync direction (TFSD)
bit in the ESAI transmit clock control register (TCCR).

GPIO Port C4
When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
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Signal Descriptions

Table 2-13. Enhanced Serial Audio Interface Signals (ESAI) (continued)

State during

Signal Name Signal Type Reset Description
SCKR Input or Output GPIO ESAI's Receiver Serial Clock
Disconnected | SCKR provides the receiver serial bit clock for the ESAI. The SCKR
operates as a clock input or output used by all the enabled receivers in the
asynchronous mode (SYN=0), or as serial flag 0 pin in the synchronous
mode (SYN=1).
When the SCKR pin is configured as serial flag pin, its direction is
determined by the RCKD bit in the RCCR register.
When configured as the output flag OF0, the SCKR pin will reflect the value
of the OFO bit in the SAICR register, and the data in the OFO bit will show
up at the pin synchronized to the frame sync in normal mode or to the slot
in network mode.
When configured as the input flag IFO, the data value at the SCKR pin will
be stored in the IFO bit in the SAISR register, synchronized by the frame
sync in normal mode or by the slot in network mode.
PCO Input, Output, or GPIO Port CO
Disconnected When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
SCKT Input or Output GPIO ESAI's Transmitter Serial Clock
Disconnected | SCKT provides the serial bit rate clock for the ESAI. SCKT is a clock input
or output used by all enabled transmitters and receivers in synchronous
mode, or by all enabled transmitters in asynchronous mode.
PC3 Input, Output, or GPIO Port C3
Disconnected When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
SDO5 Output GPIO ESAI's Serial Data Output 5
Disconnected | When programmed as a transmitter, SDO5 is used to transmit data from
the TX5 serial transmit shift register.
SDIO Input ESAI’s Serial Data Input 0
When programmed as a receiver, SDIO is used to receive serial data into
the RXO serial receive shift register.
PC6 Input, Output, or GPIO Port C6

Disconnected

When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected. After the Reset
pin is deasserted, this pin’s function is GPIO disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
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Signal Descriptions

Table 2-13. Enhanced Serial Audio Interface Signals (ESAI) (continued)

State during

Signal Name Signal Type Reset Description
SDO4 Output GPIO ESAI’s Serial Data Output 4
Disconnected | When programmed as a transmitter, SDO4 is used to transmit data from
the TX4 serial transmit shift register.
SDN Input ESAI’s Serial Data Input 1
When programmed as a receiver, SDI1 is used to receive serial data into
the RX1 serial receive shift register.
PC7 Input, GPIO Port C7
Output, or When the ESAI is configured as GPIQ, this signal is individually
Disconnected programmable as input, output, or internally disconnected. After the Reset
pin is deasserted, this pin’s function is GPIO disconnected
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
SDO3 Output GPIO ESAI’'s Serial Data Output 3
Disconnected | When programmed as a transmitter, SDOS3 is used to transmit data from
the TX8 serial transmit shift register.
SDI2 Input ESAI’'s Serial Data Input 2
When programmed as a receiver, SDI2 is used to receive serial data into
the RX2 serial receive shift register.
PC8 Input, Output, or GPIO Port C8
Disconnected When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
SDO2 Output GPIO ESAI’s Serial Data Output 2
Disconnected | When programmed as a transmitter, SDO2 is used to transmit data from
the TX2 serial transmit shift register
SDI3 Input ESAI's Serial Data Input 3
When programmed as a receiver, SDI3 is used to receive serial data into
the RX3 serial receive shift register.
PC9 Input,Output, or GPIO Port C9
Disconnected When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
SDO1 Output GPIO Serial Data Output 1
Disconnected | SDO1 is used to transmit data from the TX1 serial transmit shift register.
PC10 Input, Output, or GPIO Port C10

Disconnected

When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Signal Descriptions

Table 2-13. Enhanced Serial Audio Interface Signals (ESAI) (continued)

Signal Name

Signal Type

State during
Reset

Description

SDOO0

PC11

Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI’s Serial Data Output 0
SDOO is used to transmit data from the TXO0 serial transmit shift register.

GPIO Port C11
When the ESAI is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

Table 2-14. Enhanced Serial Audio Interface Signals (ESAI_1)

Signal Name

Signal Type

State during
Reset

Description

FSR_1

PE1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_1’s Frame Sync for Receiver

This is the receiver frame sync input/output signal.

In the asynchronous mode (SYN=0), the FSR pin operates as the frame
sync input or output used by all the enabled receivers.

In the synchronous mode (SYN=1), the FSR pin operates as either the
serial flag 1 pin (TEBE=0), or as the transmitter external buffer enable
control (TEBE=1, RFSD=1).

When the FSR pin is configured as serial flag pin, its direction is
determined by the RFSD bit in the RCCR register.

When configured as the output flag OF 1, the FSR pin will reflect the value
of the OF1 bit in the SAICR register, and the data in the OF1 bit will show
up at the pin synchronized to the frame sync in normal mode or to the slot
in network mode.

When configured as the input flag IF1, the data value at the FSR pin will
be stored in the IF1 bit in the SAISR register, synchronized by the frame
sync in normal mode or by the slot in network mode.

GPIO Port E 1
When the ESAI_1 is configured as GPIO, PE1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Table 2-14. Enhanced Serial Audio Interface Signals (ESAI_1) (continued)

Signal Name

Signal Type

State during
Reset

Description

FST_1

PE4

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_1’s Frame Sync for Transmitter

This is the transmitter frame sync input/output signal.

For synchronous mode, FST_1 is the frame sync for both transmitters and
receivers.

For asynchronous mode, FST_1 is the frame sync for the transmitters only.
The direction is determined by the transmitter frame sync direction (TFSD)
bit in the ESAI_1 transmit clock control register (TCCR).

GPIO Port E4
When the ESAI_1 is configured as GPIO, PE4 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

SCKR_1

PEO

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_1’s Receiver Serial Clock

SCKR provides the receiver serial bit clock for the ESAI_1. The SCKR
operates as a clock input or output used by all the enabled receivers in the
asynchronous mode (SYN=0), or as serial flag O pin in the synchronous
mode (SYN=1).

When the SCKR pin is configured as serial flag pin, its direction is
determined by the RCKD bit in the RCCR register.

When configured as the output flag OFO, the SCKR pin will reflect the
value of the OFO0 bit in the SAICR register, and the data in the OFO0 bit will
show up at the pin synchronized to the frame sync in normal mode or to
the slot in network mode.

When configured as the input flag IF0, the data value at the SCKR pin will
be stored in the IFO bit in the SAISR register, synchronized by the frame
sync in normal mode or by the slot in network mode.

GPIO Port EO
When the ESAI_1 is configured as GPIO, PEQ is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

SCKT_1

PE3

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_1’s Transmitter Serial Clock

SCKT_1 provides the serial bit rate clock for the ESAI_1. SCKT_1is a
clock input or output used by all enabled transmitters and receivers in
synchronous mode, or by all enabled transmitters in asynchronous mode.

GPIO Port E3
When the ESAI_1 is configured as GPIO, PE3 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Signal Descriptions

Table 2-14. Enhanced Serial Audio Interface Signals (ESAI_1) (continued)

Signal Name

Signal Type

State during
Reset

Description

SDO5_1

SDI0_1

PE6

Output

Input

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_1’s Serial Data Output 5
When programmed as a transmitter, SDO5_1 is used to transmit data from
the TX5 serial transmit shift register.

ESAI_1’s Serial Data Input 0
When programmed as a receiver, SDIO_1 is used to receive serial data
into the RXO0 serial receive shift register.

GPIO Port E6
When the ESAI_1 is configured as GPIO, PES6 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.

SDO4_1

SDI

PE7

Output

Input

Input,
Output, or
Disconnected

GPIO
Disconnected

ESAI_1’s Serial Data Output 4
When programmed as a transmitter, SDO4_1 is used to transmit data from
the TX4 serial transmit shift register.

ESAI_1’s Serial Data Input 1
When programmed as a receiver, SDI1 is used to receive serial data into
the RX1 serial receive shift register.

GPIO Port E7
When the ESAI_1 is configured as GPIO, PE7 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.

SDO3_1

SDI2_1

PES8

Output

Input

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_1’s Serial Data Output 3
When programmed as a transmitter, SDO3_1 is used to transmit data from
the TX3 serial transmit shift register.

ESAI_1’s Serial Data Input 2
When programmed as a receiver, SDI2_1 is used to receive serial data
into the RX2 serial receive shift register.

GPIO Port E8
When the ESAI_1 is configured as GPIO, PES8 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
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Table 2-14. Enhanced Serial Audio Interface Signals (ESAI_1) (continued)

State during

Disconnected

Signal Name Signal Type Reset Description
SDO2_1 Output GPIO ESAI_1’s Serial Data Output 2
Disconnected | When programmed as a transmitter, SDO2_1 is used to transmit data from
the TX2 serial transmit shift register.
SDI3_1 Input ESAI_1’s Serial Data Input 3
When programmed as a receiver, SDI3_1 is used to receive serial data
into the RX3 serial receive shift register.
PE9 Input,Output, or GPIO Port E9
Disconnected When the ESAI_1 is configured as GPIO, PE9 is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
SDO1_1 Output GPIO Serial Data Output 1
Disconnected |SDO1_1 is used to transmit data from the TX1 serial transmit shift register.
PE10 Input, Output, or GPIO Port E10
Disconnected When the ESAI_1 is configured as GPIO, PE10 is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
SDOO0_1 Output GPIO ESAI_1’s Serial Data Output 0
Disconnected |SDOO0_1 is used to transmit data from the TXO serial transmit shift register.
PE11 Input, Output, or GPIO Port E11

When the ESAI_1 is configured as GPIO, PE11 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Table 2-15. Enhanced Serial Audio Interface Signals (ESAI_2)

Signal Name

Signal Type

State during
Reset

Description

FSR_2

PC1_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_2’s Frame Sync for Receiver

This is the receiver frame sync input/output signal.

In the asynchronous mode (SYN=0), the FSR_2 pin operates as the
frame sync input or output used by all the enabled receivers.

In the synchronous mode (SYN=1), the FSR_2 pin operates as either the
serial flag 1 pin (TEBE=0), or as the transmitter external buffer enable
control (TEBE=1, RFSD=1).

When the FSR_2 pin is configured as serial flag pin, its direction is
determined by the RFSD bit in the RCCR register.

When configured as the output flag OF 1, the FSR_2 pin will reflect the
value of the OF1 bit in the SAICR register, and the data in the OF1 bit will
show up at the pin synchronized to the frame sync in normal mode or to
the slot in network mode.

When configured as the input flag IF1, the data value at the FSR_2 pin
will be stored in the IF1 bit in the SAISR register, synchronized by the
frame sync in normal mode or by the slot in network mode.

GPIO Port C1_1
When the ESAI_2 is configured as GPIO, PC1_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

FST_2

PC4_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_2’s Frame Sync for Transmitter

This is the transmitter frame sync input/output signal.

For synchronous mode, FST_2 is the frame sync for both transmitters and
receivers.

For asynchronous mode, FST_2 is the frame sync for the transmitters
only.

The direction is determined by the transmitter frame sync direction
(TFSD) bit in the ESAI_2 transmit clock control register (TCCR).

GPIO Port C4_1
When the ESAI_2 is configured as GPIO, PC4_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Table 2-15. Enhanced Serial Audio Interface Signals (ESAI_2) (continued)

Signal Name

Signal Type

State during
Reset

Description

SCKR_2

PCO_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_2’s Receiver Serial Clock

SCKR_2 provides the receiver serial bit clock for the ESAI_2. The
SCKR_2 pin operates as a clock input or output used by all the enabled
receivers in the asynchronous mode (SYN=0), or as serial flag 0 pin in the
synchronous mode (SYN=1).

When the SCKR_2 pin is configured as serial flag pin, its direction is
determined by the RCKD bit in the RCCR register.

When configured as the output flag OFO0, the SCKR_2 pin will reflect the
value of the OFO bit in the SAICR register, and the data in the OFO bit will
show up at the pin synchronized to the frame sync in normal mode or to
the slot in network mode.

When configured as the input flag IFO, the data value at the SCKR_2 pin
will be stored in the IFO bit in the SAISR register, synchronized by the
frame sync in normal mode or by the slot in network mode.

GPIO Port C0_1
When the ESAI_2 is configured as GPIO, PCO_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

SCKT_2

PC3_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_2’s Transmitter Serial Clock

SCKT_2 provides the serial bit rate clock for the ESAI_2. SCKT_2is a
clock input or output used by all enabled transmitters and receivers in
synchronous mode, or by all enabled transmitters in asynchronous mode.

GPIO Port C3_1
When the ESAI_2 is configured as GPIO, PC3_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

SDO5_2

SDIo_2

PC6_1

Output

Input

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_2’s Serial Data Output 5
When programmed as a transmitter, SDO5_2 is used to transmit data
from the TX5 serial transmit shift register.

ESAI_2’s Serial Data Input 0
When programmed as a receiver, SDI0_2 is used to receive serial data
into the RXO0 serial receive shift register.

GPIO Port C6_1
When the ESAI_2 is configured as GPIO, PC6_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses internal pull-down resistor in the DSP56720 144-pin package.
Uses internal pull-up resistor in DSP56721 80-pin and 144-pin packages.
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Table 2-15. Enhanced Serial Audio Interface Signals (ESAI_2) (continued)

Signal Name

Signal Type

State during
Reset

Description

SD0O4_2

SDI1

PC7_1

Output

Input

Input,
Output, or
Disconnected

GPIO
Disconnected

ESAI_2’s Serial Data Output 4
When programmed as a transmitter, SDO4_2 is used to transmit data
from the TX4 serial transmit shift register.

ESAI_2’s Serial Data Input 1
When programmed as a receiver, SDI1 is used to receive serial data into
the RX1 serial receive shift register.

GPIO Port C7_1
When the ESAI_2 is configured as GPIO, PC7_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses internal pull-down resistor in the DSP56720 144-pin package.
Uses internal pull-up resistor in DSP56721 80-pin and 144-pin packages.

SDO3_2

SDI2_2

PC8_1

SPDIFOUT1

Output

Input

Input, Output, or

Disconnected

Input

GPIO
Disconnected

ESAI_2’s Serial Data Output 3
When programmed as a transmitter, SDO3_2 is used to transmit data
from the TX3 serial transmit shift register.

ESAI_2’s Serial Data Input 2
When programmed as a receiver, SDI2_2 is used to receive serial data
into the RX2 serial receive shift register.

GPIO Port C8_1
When the ESAI_2 is configured as GPIO, PC8_1 is individually
programmable as input, output, or internally disconnected.

S/PDIF Audio Output Line1— In DSP56721 80-Pin Package, this pin can
be used as S/PDIF Output Line 1. Controlled by the spdifout_en bit of the
Pin MUX Control Register.

The default state after reset is GPIO disconnected.
Uses internal pull-down resistor in the DSP56720 144-pin package.
Uses internal pull-up resistor in DSP56721 80-pin and 144-pin packages.

SD0O2_2

SDI3_2

PC9_1

SPDIFIN1

Output

Input

Input,Output, or

Disconnected

Input

GPIO
Disconnected

ESAI_2’s Serial Data Output 2
When programmed as a transmitter, SDO2_2 is used to transmit data
from the TX2 serial transmit shift register

ESAI_2’s Serial Data Input 3
When programmed as a receiver, SDI3_2 is used to receive serial data
into the RX3 serial receive shift register.

GPIO Port C9_1
When the ESAI_2 is configured as GPIO, PC9_1 is individually
programmable as input, output, or internally disconnected.

S/PDIF Audio Input Line1— In DSP56721 80-Pin Package, this pin can
be used as S/PDIF Input Line 1. Controlled by the spdifin1_en bit of the
Pin MUX Control Register.

The default state after reset is GPIO disconnected.
Uses internal pull-down resistor in the DSP56720 144-pin package.
Uses internal pull-up resistor in DSP56721 80-pin and 144-pin packages.
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Table 2-15. Enhanced Serial Audio Interface Signals (ESAI_2) (continued)

Signal Name Signal Type Sta::‘ee(:::mg Description
SDO1_2 Output GPIO Serial Data Output 1
Disconnected |SDO1_2 is used to transmit data from the TX1 serial transmit shift
register.
PC10_1 Input, Output, or GPIO Port C10_1
Disconnected When the ESAI_2 is configured as GPIO, PC10_1 is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
SDO0_2 Output GPIO ESAI_2’s Serial Data Output 0
Disconnected |SDOO0_2 is used to transmit data from the TXO serial transmit shift
register.
PC11_1 Input, Output, or GPIO Port C11_1
Disconnected When the ESAI_2 is configured as GPIO, PC11_1 is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

Table 2-16. Enhanced Serial Audio Interface Signals (ESAI_3)

State during

Signal Name | Signal Type Reset Description
HCKR_3 Input or Output GPIO ESAI_3’s High Frequency Clock for Receiver
Disconnected | When programmed as an input, HCKR_3 provides a high frequency clock

source for the ESAI receiver (as an alternative to the DSP core clock).
When programmed as an output, HCKR_3 can serve as a high-frequency
sample clock (for example, for external DACs) or as an additional system
clock.

PE2_1 Input, Output, or GPIO Port E2_1

Disconnected When the ESAI_3 is configured as GPIO, PE2_1 is individually

programmable as input, output, or internally disconnected.

SRCK Output S/PDIF Receive Clock— This Pin can be used as S/PDIF receive clock

output; this clock is generated by the internal S/PDIF’s DPLL, S/PDIF
Receive Clock output controlled by the ERCS3 bits in Pin MUX Control
Register of the Chip Configuration Module.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Table 2-16. Enhanced Serial Audio Interface Signals (ESAI_3) (continued)

Signal Name

Signal Type

State during
Reset

Description

HCKT_3

PE5_1

STCLK

Input or Output

Input, Output, or
Disconnected

Input

GPIO
Disconnected

ESAI_3’s High Frequency Clock for Transmitter

When programmed as an input, HCKT_3 provides a high frequency clock
source for the ESAI_3 transmitter (as an alternative to the DSP core
clock).

When programmed as an output, HCKT_3 can serve as a high frequency
sample clock (for example, for external DACs) or as an additional system
clock.

GPIO Port E5_1
When the ESAI_3 is configured as GPIO, PE5_1 is individually
programmable as input, output, or internally disconnected.

S/PDIF Transmit Clock— This Pin can be used as S/PDIF transmit
clock input; controlled by the ClkSrc_Sel bits in the S/PDIF PhaseConfig
Register.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.

FSR_3

PE1_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_3’s Frame Sync for Receiver

FSR_3 is the receiver frame sync input/output signal.

In the asynchronous mode (SYN=0), the FSR_3 pin operates as the
frame sync input or output used by all the enabled receivers.

In the synchronous mode (SYN=1), the FSR_3 pin operates as either the
serial flag 1 pin (TEBE=0), or as the transmitter external buffer enable
control (TEBE=1, RFSD=1).

When the FSR_3 pin is configured as serial flag pin, its direction is
determined by the RFSD bit in the RCCR register.

When configured as the output flag OF1, the FSR_3 pin will reflect the
value of the OF1 bit in the SAICR register, and the data in the OF1 bit will
show up at the pin synchronized to the frame sync in normal mode or to
the slot in network mode.

When configured as the input flag IF1, the data value at the FSR_3 pin will
be stored in the IF1 bit in the SAISR register, synchronized by the frame
sync in normal mode or by the slot in network mode.

GPIO Port E1_1
When the ESAI_3 is configured as GPIO, PE1_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
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Table 2-16. Enhanced Serial Audio Interface Signals (ESAI_3) (continued)

Signal Name

Signal Type

State during
Reset

Description

FST_3

PE4_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_3’s Frame Sync for Transmitter

FST_3 is the transmitter frame sync input/output signal.

For synchronous mode, FST_3 is the frame sync for both transmitters and
receivers.

For asynchronous mode, FST_3 is the frame sync for the transmitters
only.

The direction is determined by the transmitter frame sync direction
(TFSD) bit in the ESAI_3 transmit clock control register (TCCR).

GPIO Port E4_1
When the ESAI_3 is configured as GPIO, PE4_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.

SCKR_3

PEO_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_3’s Receiver Serial Clock

SCKR_3 provides the receiver serial bit clock for the ESAI_3. The
SCKR_3 pin operates as a clock input or output used by all the enabled
receivers in the asynchronous mode (SYN=0), or as serial flag 0 pin in the
synchronous mode (SYN=1).

When the SCKR_3 pin is configured as serial flag pin, its direction is
determined by the RCKD bit in the RCCR register.

When configured as the output flag OF0, the SCKR_3 pin will reflect the
value of the OFO bit in the SAICR register, and the data in the OFO bit will
show up at the pin synchronized to the frame sync in normal mode or to
the slot in network mode.

When configured as the input flag IFO, the data value at the SCKR_3 pin
will be stored in the IFO bit in the SAISR register, synchronized by the
frame sync in normal mode or by the slot in network mode.

GPIO Port EO_1
When the ESAI_3 is configured as GPIO, PEO_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.

SCKT_3

PE3_1

Input or Output

Input, Output, or
Disconnected

GPIO
Disconnected

ESAI_3’s Transmitter Serial Clock

SCKT_3 provides the serial bit rate clock for the ESAI_3. SCKT_3is a
clock input or output used by all enabled transmitters and receivers in
synchronous mode, or by all enabled transmitters in asynchronous mode.

GPIO Port E3_1
When the ESAI_3 is configured as GPIO, PE3_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
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Table 2-16. Enhanced Serial Audio Interface Signals (ESAI_3) (continued)

State during

Disconnected

Signal Name Signal Type Reset Description
SDO5_3 Output GPIO ESAI_3’s Serial Data Output 5
Disconnected | When programmed as a transmitter, SDO5_3 is used to transmit data
from the TX5 serial transmit shift register.
SDIO_3 Input ESAI_3’s Serial Data Input 0
When programmed as a receiver, SDI0_3 is used to receive serial data
into the RXO0 serial receive shift register.
PE6_1 Input, Output, or GPIO Port E6_1
Disconnected When the ESAI_3 is configured as GPIO, PE6_1 is individually
programmable as input, output, or internally disconnected. After the Reset
pin is deasserted, this pins function is GPIO disconnected.
The default state after reset is GPIO disconnected.
Uses internal pull-down resistor in the DSP56720 144-pin package.
Uses an internal pull-up resistor in DSP56721 80-pin and 144-pin
packages.
SDO4_3 Output GPIO ESAI_3’s Serial Data Output 4
Disconnected | When programmed as a transmitter, SDO4_3 is used to transmit data
from the TX4 serial transmit shift register.
SDIH Input ESAI_3’s Serial Data Input 1
When programmed as a receiver, SDI1 is used to receive serial data into
the RX1 serial receive shift register.
PE7_1 Input, GPIO Port E7_1
Output, or When the ESAI_3 is configured as GPIO, PE7_1 is individually
Disconnected programmabile as input, output, or internally disconnected. After Reset pin
is deasserted, this pins function is GPIO disconnected
The default state after reset is GPIO disconnected.
SDO3_3 Output GPIO ESAI_3’s Serial Data Output 3
Disconnected | When programmed as a transmitter, SDO3_3 is used to transmit data
from the TX3 serial transmit shift register.
SDI2_3 Input ESAI_3’s Serial Data Input 2
When programmed as a receiver, SDI2_3 is used to receive serial data
into the RX2 serial receive shift register.
PES8_1 Input, Output, or GPIO Port E8_1

When the ESAI_3 is configured as GPIO, PE8_1 is individually
programmable as input, output, or internally disconnected.

The default state after reset is GPIO disconnected.

Uses an internal pull-down resistor in the DSP56720 144-pin package.
Uses an internal pull-up resistor in DSP56721 80-pin and 144-pin
packages.
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Table 2-16. Enhanced Serial Audio Interface Signals (ESAI_3) (continued)

Signal Name Signal Type Sta::‘eet;::mg Description
SD0O2_3 Output GPIO ESAI_3’s Serial Data Output 2
Disconnected | When programmed as a transmitter, SDO2_3 is used to transmit data
from the TX2 serial transmit shift register
SDI3_3 Input ESAI_3’s Serial Data Input 3
When programmed as a receiver, SDI3_3 is used to receive serial data
into the RX3 serial receive shift register.
PE9_1 Input,Output, or GPIO Port E9_1
Disconnected When the ESAI_3 is configured as GPIO, PE9_1 is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses internal pull-down resistor in the DSP56720 144-pin package.
Uses an internal pull-up resistor in DSP56721 80-pin and 144-pin
packages.
SDO1_3 Output GPIO Serial Data Output 1
Disconnected |SDO1_3 is used to transmit data from the TX1 serial transmit shift
register.
PE10_1 Input, Output, or GPIO Port E10_1
Disconnected When the ESAI_3 is configured as GPIO, PE10_1 is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
SDOO0_3 Output GPIO ESAI_3’s Serial Data Output 0
Disconnected |SDOOQ_3 is used to transmit data from the TXO0 serial transmit shift
register.
PE11_1 Input, Output, or GPIO Port E11_1
Disconnected When the ESAI_3 is configured as GPIO, PE11_1 is individually
programmable as input, output, or internally disconnected.
The default state after reset is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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2.2.10 Watch Dog Timer (WDT)
The block WDT pin is used by DSP Core-0.

Table 2-17. WDT Signal

Signal State after I

Name Type Reset Description

WDT Output WODT output | This signal is asserted low when the hardware watchdog timer counts down
to zero.
In DSP56721 80-pin, 144-pin and DSP56720 144-pin packages, this pin is
controlled by both WDT and WDT_1 modules, and is asserted when the
watchdog timer counts down to zero in either WDT or WDT_1 modules.

2.2.11 Timer Event Counters (TEC, TEC_1)

There are two timer modules in the DSP56720 device: the TEC module is used by DSP Core-0, while the
TEC_1 module is used by DSP Core-1.

Table 2-18. Timer Signal (TEC)

Signal Name Type Sta::‘ee:::lng Description
TIOO0 Input or Timer's GPIO |TEC’s Timer 0 Input/Output

Output Input When Timer 0 functions as an external event counter or in measurement
mode, TIOO0 is used as an input. When Timer O functions in watchdog, timer, or
pulse modulation mode, TIOO is used as an output.
The default mode after reset is GPIO input. This can be changed to output or
configured as a timer input/output through the timer 0 control/status register
(TCSRO).
If TIOO is not being used, it is recommended to either define it as GPIO output
immediately at the beginning of operation or leave it defined as GPIO input.

H15/HAD15 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus

and the HI function is selected, this signal is line 15 of the bidirectional, tri-state
data bus.

This signal is used by both HDI24 and TEC modules. TEC functions are
enabled after reset.

When configured as a TEC function, this pin can be changed to output or
configured as TIOO.

When configured as an HDI24 interface signal, this signal acts as H15/HAD15.
This signal can also be used by the HDI24_1 interface, acting as
H15_1/HAD15_1, and controlled by the HDI_SEL pin.

Uses an internal pull-down resistor.

This pin is only available in the DSP56721 144-pin package.
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Table 2-19. Timer Signal (TEC_1)

State during

Reset Signal Description

Signal Name Type

TIO1_A1 TEC_1’s Timer 1 Input/Output
When Timer 1 functions as an external event counter or in measurement
mode, TIO1 is used as an input. When Timer 1 functions in watchdog, timer,

or pulse modulation mode, TIO1 is used as an output.

Input or
Output

GPIO Input

2.2.12 Host Interface Signals (HDI24 & HDI24_1)

There are two 24-bit width Host Interface modules (HDI24 and HDI24_1)—one module for each core.
HDI24 is used by DSP Core-0, while HDI24_1 is used by DSP Core-1. This common part is called the
HDI24 interface.

HDI24 and HDI24_1 share the HDI24 interface signals; there is a control pin “HDI_SEL” to decide which
module (HDI24 or HDI24_1) controls the pin. The HDI24 provides a fast parallel data port which can be
connected directly to a host bus. The HDI24 supports a variety of standard buses and can be directly
connected to a number of industry standard microcontrollers, microprocessors, DSPs, and DMA hardware.
The HDI24 is backwardly compatible with the HDIOS.

There are a total of 32 signals for HDI24 and HDI24_1. In Table 2-20, only 16 HDI24 signals are listed,
besides the HDI_SEL signal; the other 16 signals are function-multiplexed with seven S/PDIF signals,
three TEC signals, three TEC_1 signals, and three GPIO signals.

Table 2-20. Parallel Host Interface Signals (for HDI24 and HDI24_1)

State during

or
Disconnected

Signal Name Type Reset Description
HO-H7 Input or GPIO HDI24’s Host Data
Output Disconnected | When HDI24 is programmed to interface a non-multiplexed host bus and the Hl
function is selected, these signals are lines 0-7 of the bidirectional, tri-state
data bus.
HADO-HAD7 Input or HDI24’s Address and Data
Output When HDI24 is programmed to interface a multiplexed host bus and the Hl
function is selected, these signals are lines 0-7 of the address and data
bidirectional, multiplexed, tri-state bus.
PG24-PG31 | Input, Output, GPIO Port G24-31

When these pins are configured as GPIO Port G, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
These signals are available in the DSP56721 144-pin package.

HAO

Input

GPIO
Disconnected

HDI24’s Host Address Input 0
When the HDI24 is programmed to interface a non-multiplexed host bus and
the HI function is selected, this signal is line 0 of the host address input bus.
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Table 2-20. Parallel Host Interface Signals (for HDI24 and HDI24_1) (continued)

Signal Name

Type

State during
Reset

Description

HAS/HAS

PG32

Input

Input, Output,
or
Disconnected

HDI24’s Host Address Strobe

When HDI24 is programmed to interface a multiplexed host bus and the Hl
function is selected, this signal is the host address strobe (HAS) Schmitt-trigger
input. The polarity of the address strobe is programmable, but is configured
active-low (HAS) following reset.

GPIO Port G32

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This signal is only available in the DSP56721 144-pin package.

HA1

HA8

PG33

Input

Input

Input, Output,
or
Disconnected

GPIO
Disconnected

HDI24’s Host Address Input 1

When the HDI24 is programmed to interface a non-multiplexed host bus and
the HI function is selected, this signal is line 1 of the host address(HA1) input
bus.

HDI24’s Host Address 8
When HDI24 is programmed to interface a multiplexed host bus and the Hl
function is selected, this signal is line 8 of the host address (HA8) input bus.

Port G33

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This signal is only available in the DSP56721 144-pin package.

HA2

HA9

PG34

Input

Input

Input, Output,
or
Disconnected

GPIO
Disconnected

HDI24’s Host Address Input 2

When the HDI24 is programmed to interface a non-multiplexed host bus and
the HI function is selected, this signal is line 2 of the host address(HA2) input
bus.

HDI24’s Host Address 9
When HDI24 is programmed to interface a multiplexed host bus and the Hl
function is selected, this signal is line 9 of the host address (HA9) input bus.

GPIO Port G34

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This signal is only available in the DSP56721 144-pin package.
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Table 2-20. Parallel Host Interface Signals (for HDI24 and HDI24_1) (continued)

Signal Name

Type

State during
Reset

Description

HRW

RD/HRD

PG35

Input

Input

Input, Output,
or
Disconnected

GPIO
Disconnected

HDI24’s Host Read/Write
When HDI24 is programmed to interface a single-data-strobe host bus and the
HI function is selected, this signal is the Host Read/Write (HRW) input.

HDI24’s Host Read Data

When HDI24 is programmed to interface a double-data-strobe host bus and the
HI function is selected, this signal is the host read data strobe (HRD)
Schmitt-trigger input. The polarity of the data strobe is programmable, but is
configured as active-low (HRD) after reset.

GPIO Port G35

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This signal is only available in the DSP56721 144-pin package.

HDS/HDS

HWR/HWR

PG36

Input

Input

Input, Output
or
Disconnected

GPIO
Disconnected

HDI24’s Data Strobe

When HDI24 is programmed to interface a single-data-strobe host bus and the
HI function is selected, this signal is the host data strobe (HDS) Schmitt-trigger
input. The polarity of the data strobe is programmable, but is configured as
active-low (HDS) following reset.

HDI24’s Host Write Data

When HDI24 is programmed to interface a double-data-strobe host bus and the
HI function is selected, this signal is the host write data strobe (HWR)
Schmitt-trigger input. The polarity of the data strobe is programmable, but is
configured as active-low (HWR) following reset.

GPIO Port G36

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This signal is only available in the DSP56721 144-pin package.
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Table 2-20. Parallel Host Interface Signals (for HDI24 and HDI24_1) (continued)

State during

Signal Name Type Reset Description
HCS Input GPIO HDI24’s Host Chip Select
Disconnected | When HDI24 is programmed to interface a non-multiplexed host bus and the HI
function is selected, this signal is the host chip select (HCS) input. The polarity
of the chip select is programmable, but is configured active-low (HCS) after
reset.
HA10 Input HDI24’s Host Address 10
When HDI24 is programmed to interface a multiplexed host bus and the HlI
function is selected, this signal is line 10 of the host address (HA10) input bus.
PG37 Input, Output GPIO Port G37
or When this signal is configured as GPIO, these signals are individually
Disconnected programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.
The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This signal is only available in the DSP56721 144-pin package.
HOREQ/HOR Output GPIO HDI24’s Host Request
EQ Disconnected | When HDI24 is programmed to interface a single host request host bus and the
HI function is selected, this signal is the host request (HOREQ) output. The
polarity of the host request is programmable, but is configured as active-low
(HOREQ) following reset. The host request may be programmed as a driven or
open-drain output.
HTRQ/HTRQ Output HDI24’s Transmit Host Request
When HDI24 is programmed to interface a double host request host bus and
the HI function is selected, this signal is the transmit host request (HTRQ)
output. The polarity of the host request is programmable, but is configured as
active-low (HTRQ) following reset. The host request may be programmed as a
driven or open-drain output.
PG38 Input, Output GPIO Port G38

or
Disconnected

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be independently controlled by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-up resistor.
This signal is only available in the DSP56721 144-pin package.
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Table 2-20. Parallel Host Interface Signals (for HDI24 and HDI24_1) (continued)

Signal Name

Type

State during
Reset

Description

HACK/HACK

HRRQ/HRRQ

PG39

Input

Output

Input, Output
or
Disconnected

GPIO
Disconnected

HDI24’s Host Acknowledge

When HDI24 is programmed to interface a single host request host bus and the
HI function is selected, this signal is the host acknowledge (HACK)
Schmitt-trigger input. The polarity of the host acknowledge is programmable,
but is configured as active-low (HACK) after reset.

HDI24’s Receive Host Request

When HDI24 is programmed to interface a double host request host bus and
the HI function is selected, this signal is the receive host request (HRRQ)
output. The polarity of the host request is programmable, but is configured as
active-low (HRRQ) after reset. The host request may be programmed as a
driven or open-drain output.

GPIO Port G39

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-up resistor.
This signal is only available in the DSP56721 144-pin package.

HDI_SEL

PG18

Input

Input/ Output

GPIO
Disconnected

HDI24 Select Input

When HDI_SEL =0, the HDI24 module uses all of the HDI24 pins. When
HDI_SEL =1, the HDI24_1 module uses all the HDI24 pins. This signal is also
included in the dedicated GPIO signals table.

GPIO Port G18

When this signal is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. Port G is a shared
GPIO ports by the two cores. Each signal can be controlled independently by
either of the two cores.

This signal is also included in the dedicated GPIO signals table.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This signal is only available in the DSP56721 144-pin package.
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2.2.13 External Memory Controller (EMC)

There is an external memory interface controller (EMC) in the DSP56720. (There is no EMC in the
DSP56721.) The EMC module is shared by both DSP cores. All of the EMC signals are available in the
DSP56720 144-pin package.

Table 2-21. External Memory: EMC Signals

State during

Signal Name Type Reset

Description

LALE Output LALE External Address Latch Enable

function The EMC provides control for an external address latch, which allows address
and data to be multiplexed on the device pins.

Asserted—LALE is asserted for at least 1/2 bus clock cycle for each
memory-controller transaction. If ORX[EAD] = 1, LALE is asserted for (N+1/2)
bus clock cycles. Nis the number of bus clock cycles defined by the EADC field
in the CRR. Note that no other control signals are asserted when LALE is
asserted.

Negated—LALE is negated at the negative edge of bus clock during address
phase. LALE is negated 1/2 bus clock cycle earlier than the next positive edge
of bus clock, to get additional hold time for external latch device.

Uses an internal pull-down resistor.

LCS[7:0] Output LCS[7:0] |Chip Selects

function Eight mutually exclusive chip selects are provided.

Asserted/Negated—Used to enable specific memory devices or peripherals
connected to the EMC. LCS[7:0] are provided on a per-bank basis, with LCS0
corresponding to the chip select for memory bank 0, which has the memory type
and attributes defined by BRO and ORO.

Uses an internal pull-up resistor.

LWE/ Output LWE/ GPCM Write Enable / SDRAM Data Mask
LSDDQM LSDDQM | Asserted/Negated—For GPCM operation, LWE is asserted for writing. For
SDRAM operation, LSDDQM functions as the DQM or data mask signals
provided by JEDEC-compliant SDRAM devices. When the EMC wishes to mask
a write or disable read data output from the SDRAM, LSDDQM is driven high.
Uses an internal pull-up resistor.

LSDA10/ Output LSDA10/ |SDRAM A10/ General Purpose Line 0
LGPLO LGPLO Asserted/Negated—For SDRAM accesses, this signal represents address bit
10. When the row address is driven, this signal drives the value of address bit
10.

When the column address is driven, this signal forms part of the SDRAM
command. This signal is one of six general purpose signals when in UPM mode
and drives a value programmed in the UPM array.

Uses an internal pull-up resistor.

LSDWE/ Output LSDWE/ |SDRAM Write Enable / General-Purpose Line 1

LGPL1 LGPL1 Asserted/Negated—This signal is connected to the SDRAM device WE input
and acts as the SDRAM write enable when accessing SDRAM. This signal is one
of six general purpose signals when in UPM mode, and drives a value
programmed in the UPM array.

Uses an internal pull-up resistor.
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Table 2-21. External Memory: EMC Signals (continued)

Signal Name

Type

State during
Reset

Description

LOE/
LSDRAS/
LGPL2

Output

LOE/
LSDRAS/
LGPL2

GPCM Output Enable / SDRAM RAS / General-Purpose Line 2
Asserted/Negated—This signal controls the output buffer of memory when
accessing memory/devices in GPCM mode. For SDRAM accesses, this signal
is the row address strobe (RAS). This signal is one of six general purpose lines
when in UPM mode, and drives a value programmed in the UPM array.

Uses an internal pull-up resistor.

LSDCAS/
LGPL3

Output

LSDCAS/
LGPL3

SDRAM CAS / General-Purpose Line 3

Asserted/Negated—In SDRAM mode, drives the column address strobe (CAS).
This signal is one of six general purpose signals when in UPM mode, and drives
a value programmed in the UPM array.

Uses an internal pull-up resistor.

LGTA/
LGPL4/
UPWAIT

Input/Output

LGTA/
LGPL4/
UPWAIT

GPCM Terminate Access / General-Purpose Line 4 / UPM Wait
Asserted/Negated—This signal is an input in GPCM mode and is used for
transaction termination. This signal may also be configured as one of six general
purpose output signals when in UPM mode or as an input to force the UPM
controller to wait for the memory/device.

Uses an internal pull-up resistor.

LGPL5

Input/Output

LGPL5

General-Purpose Line 5

Asserted/Negated—This signal is one of six general purpose signals when in
UPM mode, and drives a value programmed in the UPM array.

Uses an internal pull-up resistor.

LBCTL

Output

LBCTL

Data Buffer Control

When a GPCM- or UPM-controlled bank is accessed, the memory controller
activates a data buffer control signal (BCTL) for the external memory. Access to
an SDRAM machine-controlled bank does not activate the buffer control. The
buffer control can be disabled by setting ORx[BCTLD].
Asserted/Negated—The LBCTL pin normally functions as a Write/Read control
for a bus transceiver connected to the LAD lines. Because LBCTL remains high
after reset and during address phases, an external data buffer must not drive the
LAD lines in conflict with the EMC when LBCTL is high.

Uses an internal pull-up resistor.

LA[2:0]

Output

GPIO
Disconnected

External Memory Non-Multiplexed Address LSBs

All bits driven on LA[2:0] are defined for 24-bit port sizes.
Asserted/Negated—Even though the EMC shares an address and data bus, up
to three least significant bits of the RAM address always appear on the
dedicated address pins LA[2:0]. These may be used, unlatched, in place of
LAD[2:0], to connect the three least significant bits of the address for address
phases. For some RAM devices, such as fast-page DRAM, LA[2:0] serve as the
column address offset during a burst access.

PA[26:24]

Input or
Output or
Disconnected

GPIO Port A, Pin26—Pin24

When the EMC is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. PA24 is multiplexed
with LAO; PA25 is multiplexed with LA1; PA26 is multiplexed with LA2.

The default state after reset for these signals is GPIO disconnected.

Internal Pull-Down Resistor for these 3 signals.
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Table 2-21. External Memory: EMC Signals (continued)

Signal Name

Type

State during
Reset

Description

LAD[23:0]

Input/Output

GPIO
Disconnected

Multiplexed Address and Data Bus

For configuration of a port size in BRx[PS] as 32 bits, all of LAD[23:0] needs to
be connected to the external RAM data bus, with LAD[23] occupying the most
significant bit.

Asserted/Negated—LAD[23:0] is the shared 24-bit address and data bus
through which external RAM devices transfer data and receive addresses.
Assertion/Negation—During assertion of LALE, LAD[23:0] are driven with the
RAM address for the access to follow. External logic should propagate the
address on LAD[23:0] while LALE is asserted, and latch the address upon
negation of LALE. After LALE is negated, LAD[23:0] are either driven by write
data or are made high-impedance by the EMC to sample read data driven by an
external device. Following the last data transfer of a write access, LAD[23:0] are
again taken into a high-impedance state.

PA[23:0]

Input or
Qutput or
Disconnected

GPIO Port A, Pin[23:0]

When the EMC is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected. PA23 is multiplexed
with LAD23, PA22 is multiplexed with LAD22,..., and PAQ is multiplexed with
LADO.

The default state after reset for these signals is GPIO disconnected.
Internal Pull-Down Resistor for these signals.

LCKE

Output

LCKE

External Memory Clock Enable

Asserted/Negated—LCKE is the bus clock enable signal (CKE) for
JEDEC-standard SDRAM devices. This signal is asserted during normal
SDRAM operation.

Uses an internal pull-up resistor.

LCLK

Output

LCLK

External Memory Clocks

Asserted/Negated—LCLK drive external memory clock signal. If the EMC
phase-locked loop (PLL) is enabled (see CRR[DBYP]), the bus clock phase is
shifted earlier than transitions on other EMC signals (such as LAD[23:0] and
LCSx) by a time delay matching the delay of the PLL timing loop set up between
LSYNC_OUT and LSYNC_IN.

Uses an internal pull-down resistor.

LSYNC_OUT

Output

LSYNC_OUT

PLL Synchronization Out

Asserted/Negated—A replica of the bus clock, appearing on LSYNC_OUT
should be propagated through a passive timing loop and returned to LSYNC_IN
for achieving correct PLL lock.

Assertion/Negation—The time delay of the timing loop should be such that it
compensates for the round-trip flight time of LCLK and clocked drivers in the
system. No load other than a timing loop should be placed on LSYNC_OUT.
Uses an internal pull-down resistor.

LSYNC_IN

Input

LSYNC_IN

PLL Synchronization Input
Asserted/Negated—See the description of LSYNC_OUT.
Uses an internal pull-down resistor.
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2.2.14 S/PDIF Audio Interface Signals
Table 2-22. Digital Audio Interface: S/PDIF Signals

Signal State During I
Name Type Reset Description
SPDIFINA Input GPIO S/PDIF Input Line 1
Disconnected | IEC958 data in biphase mark format.
H8/HAD8 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus
and the HI function is selected, this signal is line 8 of the bidirectional, tri-state
data bus.
PG9 Input, Output or GPIO Port G9
Disconnected When the S/PDIF is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected.
This signal can used by the HDI24/HDI24_1 module or GPIO port G function.
GPIO functions are controlled by GPIO port G registers. There is a bit in the chip
configuration registers to decide which functional module uses this pin, S/PDIF
or HDI24/HDI24_1. When configured as a HDI24/HDI24_1 interface signal, this
signal acts as H8/HAD9 or H8_1/HADS8_1, depending upon the value of the
HDI_SEL pin.
The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
SPDIFIN2 Input GPIO S/PDIF Input Line 2
Disconnected | IEC958 data in biphase mark format.
H9/HAD9 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus
and the HI function is selected, this signal is line 9 of the bidirectional, tri-state
data bus.
PG10 Input, Outputor GPIO Port G10

Disconnected

When the S/PDIF is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected.

This signal can used by the HDI24/HDI24_1 module or GPIO port G function.
GPIO functions are controlled by GPIO port G registers. There is a bit in the chip
configuration registers to decide which functional module uses this pin, S/PDIF
or HDI24/HDI24_1. When configured as a HDI24/HDI24_1 interface signal, this
signal acts as H8/HAD9 or H8_1/HADS8_1, depending upon the value of the
HDI_SEL pin.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Table 2-22. Digital Audio Interface: S/PDIF Signals (continued)

Signal State During I
Name Type Reset Description
SPDIFIN3 Input GPIO Audio Data Input Line 3
Disconnected | IEC958 data in biphase mark format.
H10/HAD10 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus

and the HI function is selected, this signal is line 10 of the bidirectional, tri-state
data bus.

PG11 Input or Output GPIO Port G11

or When the S/PDIF is configured as GPIO, these signals are individually
Disconnected programmable as input, output, or internally disconnected.
This signal can used by the HDI24/HDI24_1 module or GPIO port G function.
GPIO functions are controlled by GPIO port G registers. There is a bit in the chip
configuration registers to decide which functional module uses this pin, S/PDIF
or HDI24/HDI24_1. When configured as an HDI24/HDI24_1 interface signal,
this signal acts as H8/HAD9 or H8_1/HADS8_1, depending upon the value of the
HDI_SEL pin.
The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
SPDIFIN4 Input GPIO Audio Data Input Line 4
Disconnected | IEC958 data in biphase mark format.
H11/HAD11 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus

and the HI function is selected, this signal is line 11 of the bidirectional, tri-state
data bus.

PG12 Input or Output GPIO Port G12

or When the S/PDIF is configured as GPIO, these signals are individually

Disconnected

programmable as input, output, or internally disconnected.

This signal can used by the HDI24/HDI24_1 module or GPIO port G function.
GPIO functions are controlled by GPIO port G registers. There is a bit in the chip
configuration registers to decide which function module uses this pin, S/PDIF or
HDI24/HDI24_1. When configured as an HDI24/HDI24_1 interface signal, this
signal acts as H8/HAD9 or H8_1/HADS8_1, depending upon the value of
HDI_SEL pin.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Table 2-22. Digital Audio Interface: S/PDIF Signals (continued)

Signal State During I
Name Type Reset Description
SPDIFOUTH1 Input GPIO Audio Data Output Line 1
Disconnected | IEC958 data in biphase mark format. (Consumer C channel).
H12/HAD12 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus
and the HI function is selected, this signal is line 12 of the bidirectional, tri-state
data bus.
PG13 Input or Output GPIO Port G13
or When the S/PDIF is configured as GPIO, these signals are individually
Disconnected programmable as input, output, or internally disconnected.
This signal can used by the HDI24/HDI24_1 module or GPIO port G function.
GPIO functions are controlled by GPIO port G registers. There is a bit in the chip
configuration registers to decide which function module uses this pin, S/PDIF or
HDI24/HDI24_1. When configured as an HDI24/HDI24_1 interface signal, this
signal acts as H8/HAD9 or H8_1/HADS8_1, depending upon the value of the
HDI_SEL pin.
The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
SPDIFOUT2 Input GPIO Audio Data Output Line 2
Disconnected | IEC958 data in biphase mark format (professional C channel).
H13/HAD13 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus
and the HI function is selected, This signal is line 13 of the bidirectional, tri-state
data bus.
PG14 Input or Output GPIO Port G14
or When the S/PDIF is configured as GPIO, these signals are individually

Disconnected

programmable as input, output, or internally disconnected.

This signal can used by the HDI24/HDI24_1 module or GPIO port G function.
GPIO functions are controlled by GPIO port G registers. There is a bit in the chip
configuration registers to decide which function module uses this pin, S/PDIF or
HDI24/HDI24_1. When configured as an HDI24/HDI24_1 interface signal, this
signal acts as H8/HAD9 or H8_1/HADB8_1, depending upon the value of the
HDI_SEL pin.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
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Table 2-22. Digital Audio Interface: S/PDIF Signals (continued)

Signal State During .
Name Type Reset Description
SPLOCK Output GPIO S/PDIF Rx DPLL Lock Indicator
Disconnected | When the S/PDIF is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected.
H14/HAD14 Input/ HDI24’s Host Data
Output When HDI24/HDI24_1 is programmed to interface to a 16-bit or 24-bit host bus
and the HI function is selected, this signal is lines 14 of the bidirectional, tri-state
data bus.
PG15 Input or Output GPIO Port G15
or When the S/PDIF is configured as GPIO, these signals are individually
Disconnected programmable as input, output, or internally disconnected.

This signal can used by the HDI24/HDI24_1 module or GPIO port G function.
GPIO functions are controlled by GPIO port G registers. There is a bit in the chip
configuration registers to decide which function module uses this pin, S/PDIF or
HDI24/HDI24_1. When configured as an HDI24/HDI24_1 interface signal, this
signal acts as H8/HAD9 or H8_1/HADB8_1, depending upon the value of the
HDI_SEL pin.

The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.

2.2.15 Dedicated Port G GPIOs

Table 2-23. Dedicated Port G Signals and Mode Pins

State During

Signal Name Type Reset

Description

PG1 Input, Output,or | MODDO Input | Port G1
Disconnected When the PLOCK is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.

MODDO Input MODAO MODBO, MODCO, and MODDO levels select one of 16 initial chip
operating modes of DSP Core-0, and are latched into the DSP Core-0’s
OMR when the RESET signal is deasserted.

Uses an internal pull-down resistor.

This signal is available in DSP56721 144-pin and DSP56720 144-pin
packages. This signal is not available in DSP56721 80-pin packages.

PG2 Input, Output,or | MODD1 Input | Port G2
Disconnected When the PLOCK is configured as GPIO, this signal is individually
programmable as input, output, or internally disconnected.

MODD1 Input MODA1, MODB1, MODC1, and MODD1 levels select one of 16 initial chip
operating modes of DSP Core-1, and are latched into the DSP Core-1’s
OMR when the RESET signal is deasserted.

Uses an internal pull-down resistor.

This signal is available in DSP56721 144-pin and DSP56720 144-pin
packages. This signal is not available in DSP56721 80-pin packages.
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Table 2-23. Dedicated Port G Signals and Mode Pins (continued)

. State During -
Signal Name Type Reset Description
PG18 Input/ Output Port G18
When the this pin is configured as GPIO, these signals are individually
programmable as input, output, or internally disconnected.
HDI_SEL Input/ GPIO When the HDI_SEL pin is pulled low, the HDI24 signals are connected to the
Output Disconnected | external pins. When the HDI_SEL pin is pulled high, the HDI24_1 signals are
connected to the external pins.
The default state after reset for these signals is GPIO disconnected.
Uses an internal pull-down resistor.
This pin is only available in the DSP56721 144-pin package.
2.2.16 JTAG/ONnCE Interface Signals
Table 2-24. JTAG/OnCE Interface
Signal Signal | State During .
Name Type Reset Description
TCK Input Input Test Clock
TCK is a test clock input signal used to synchronize the JTAG test logic. It uses an
internal pull-up resistor.
TDI Input Input Test Data Input
TDIl is a test data serial input signal used for test instructions and data. TDI is sampled
on the rising edge of TCK and uses an internal pull-up resistor.
TDO Output Tri-Stated | Test Data Output
TDO is a test data serial output signal used for test instructions and data. TDO is
tri-statable and is actively driven in the shift-IR and shift-DR controller states. TDO
changes on the falling edge of TCK.
TMS Input Input Test Mode Select
TMS is an input signal used to sequence the test controller’s state machine. TMS is
sampled on the rising edge of TCK and uses an internal pull-up resistor.
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Chapter 3
Memory Map

3.1 Overview

The memory space of each DSP56300 core is partitioned into three main parts: program memory space,
X data memory space, and Y data memory space. The data memory space is divided into X and Y data
memory to work with the two address ALUs and to feed two operands simultaneously to the data ALU.
Memory space includes internal RAM and ROM, and can be expanded off-chip.

Figure 3-1 shows the memory address allocations for the DSP5672x family of DSPs. The memory
partitioning is the same for all DSP5672x devices, but the actual amount of memory in each device is
specific to that device. This memory allocation table does not represent the memory available on the
DSP56720/DSP56721.

Program Memory X Data Memory Y Data Memory
Space Space Space SFFFFFE
Internal 1/0 Internal 1/0O
Program ROM
$FFF000
X ROM Y ROM
$F80000
External Memory External Memory External Memory
$040000
Shared Memory Shared Memory Shared Memory
$030000
Internal RAM Internal RAM Internal RAM
$000000

Figure 3-1. DSP5672x Family Memory Address Allocation

In the DSP56720/DSP56721, the lowest addresses are used for on-chip internal Program, X, and Y RAM.
The DSP56720 supports using a memory switch mode to increase the size of program RAM as needed.
Some X RAM bank(s) and/or Y RAM bank(s) can be switched to Program RAM. Program, X, and Y RAM
allocation on each DSP can be configured as five types of memory maps: a default mode plus four
additional memory maps based on two bit settings (MSWO0, MSW1).

Eight blocks of 8K shared memory (RAM) are accessible in the DSP56720/DSP56721. The shared
memory blocks occupy addresses from $030000 to $03FFFF (including $03FFFF), accessible by both
DSP cores. When the DSP cores access the shared memory, the Program, X, and Y memory addresses are
mapped into same physical location, which means that there is no difference in accessing the shared
memory from Program, X, or Y memory space.
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External Memory addresses from $040000 are used for internal RAM/ROM expansion. In the DSP56720,
the expansion is implemented via the EMC module, using the EMC’s external interface signals.

On-chip peripherals are connected to the core using the peripheral bus or Shared Peripheral bus. The
on-chip peripherals use the addresses above $FFF000 (including $FFF000).

3.2 Data and Program Memory Maps

The on-chip memory configuration for each DSP is affected by the state of the memory switch control bits
in the Operating Mode Register (OMR). These bits are the Master Memory Switch Mode (MS) bit, the
Memory Switch Mode 0 (MSWO) bit, and the Memory Switch Mode 1 (MSW1) bit. The address ranges
for the internal memory are shown in the following figures. The memory maps for each memory
configuration are shown in Figure 3-2, “Default Memory Map (MS =0, MSW =NA)” through Figure 3-6,
“Memory Map (MS =1, MSW1 =0, MSWO0 =0)”. Note that only the Core-0 memory map detail is shown;
the Core-1 memory map is identical except for the ROM section.

Table 3-1. Memory Maps Summary

Memory Map

See

Default Memory Map (MS = 0, MSW = NA)

Figure 3-2

DSP Core-0 Memory Map (MS =1, MSW1 =1, MSWO0 = 1)

Figure 3-3

Memory Map (MS =1, MSW1 =1, MSWO = 0)

Figure 3-4

Memory Map (MS =1, MSW1 = 0, MSWO0 = 1)

Figure 3-5

Figure 3-6

$FFFFFF

$F80000

$040000
$030000

$002000

$000000

Memory Map (MS =1, MSW1 = 0, MSWO = 0)
Program X Data
Bootstrap ROM Internal 1/O
Program $FFF000 f e
ROM Reserved
ROM |
Reserved Reserved
External | External |
DA Memory A DA Memory DA
 Shared RAM | | Shared RAM | | Shared RAM |
Internal Internal
Reserved AESINCE $00C000
$009000
36K RAM
Internal
Program RAM (1 x 4K blocks)
(1 x 8K blocks (4 x 8K blocks)

Figure 3-2. Default Memory Map (MS = 0, MSW =

Y Data

Internal 1/0

Reserved

ROM

Reserved

External

)

S Memory

Shared RAM

Internal
Reserved

48K RAM
(6 x 8K block)

NA)
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Table 3-2. DSP Core-0 Default Memory Locations (MS = 0, MSW = NA)

Table 3-3. DSP Core-1 Default Memory Locations (MS = 0, MSW = NA)

Table 3-4. DSP Core-0 Internal Memory Locations (MS = 1, MSW1 =1, MSWO0 = 1)

Program RAM X Data RAM Y Data RAM
8K Words 36K Words 48K Words
1 x 8K block 1 x 4K block 6 x 8K block
4 x 8K block
$000000-$001FFF | $000000-$008FFF | $000000-$00BFFF

Program RAM X Data RAM Y Data RAM

8K Words 36K Words 48K Words

1 x 8K block 1 x 4K block 6 x 8K block
4 x 8K block

$000000-$001FFF

$000000-$008FFF

$000000-$00BFFF

Program RAM

X Data RAM

Y Data RAM

16K Words

36K Words

40K Words

$000000-$003FFF

$000000-$008FFF

$000000-$009FFF

Program X Data Y Data
Y g o S S et L ———
Bootstrap ROM Internal 1/0O Internal 1/0
Program $FFFOO0 |— L ...
ROM Reserved Reserved
ROM | ROM
Reserved Reserved Reserved
$F80000 | 7 L
J. External | J. External |, J. External .
T Memory T Memory T T Memory
8040000 Shared RAM| Shared RAM | Shared RAM
$030000 | SharedRAM | . _.Led aredn”AM | .. Lo ared RAM |
Internal Internal Internal
Reserved Reserved Reserved
$00A000
$009000
$004000 40K RAM
16K RAM 36K RAM
$oo0000 L N

Figure 3-3. DSP Core-0 Memory Map (MS =1, MSW1 =1, MSWO0 = 1)
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Memory Map

Table 3-5. DSP Core-0 Internal Memory Locations (MS = 1, MSW1 =1, MSWO0 = 0)

$FFFFFF

$F80000

$040000
$030000

$006000

$000000

Program RAM

X Data RAM

Y Data RAM

24K Words

36K Words

32K Words

$000000-$005FFF

$000000-$008FFF

$000000-$007FFF

C

Program X Data Y Data
Bootstrap ROM Internal /0 Internal 1/O
$FFFOOO —m e e e oo -
Program Reserved Reserved
ROM
ROM ROM
Reserved Reserved Reserved
~  External A +» External -~ External
Memory Memory Memory
Shared RAM | | SharedRAM | | Shared RAM
Internal Internal Internal
Reserved Reserved Reserved
$009000 $008000
24K RAM 36K RAM 32K RAM

Figure 3-4. Memory Map (MS =1, MSW1 =1, MSWO0 = 0)

Table 3-6. DSP Core-0 Internal Memory Locations (MS =1, MSW1 = 0, MSWO0 = 1)

Program RAM

X Data RAM

Y Data RAM

32K Words

36K Words

24K Words

$000000-$007FFF

$000000-$008FFF

$000000-$005FFF
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$FFFFFF

$F80000

$040000
$030000

$008000

$000000

(C

Program X Data
Bootstrap ROM Internal 1/0
$FFFO0O0 |—m—ro- - - - - -
Program Reserved
rROM |
ROM
Reserved Reserved
-~ External <+ External -
Memory Memory
Shared RAM | | SharedRAM |
Internal Internal
Reserved Reserved
$009000
$006000
32K RAM 36K RAM

Y Data

Internal I/O

Reserved

Memory Map

ROM

Reserved

External

Memory

)

Shared RAM

Internal
Reserved

24K RAM

Figure 3-5. Memory Map (MS =1, MSW1 = 0, MSWO0 = 1)

Table 3-7. DSP Core-0 Internal Memory Locations (MS = 1, MSW1 = 0, MSWO0 = 0)

Program RAM

X Data RAM

Y Data RAM

36K Words

32K Words

24K Words

$000000-$008FFF

$000000-$007FFF

$000000-$005FFF
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Program X Data Y Data
$FFFFFF @ ———— e ——
Bootstrap ROM Internal 1/0 Internal 1/0
$FFFOOO —m—--o o o oo oo .
Program Reserved Reserved
rROM | 1"
ROM ROM
Reserved Reserved Reserved
$F80000  |— . ..
<+ External ~  External < External A
Memory Memory Memory
$040000 @ —07m— L —_— .
Shared RAM Shared RAM Shared RAM
$030000 | — — — — e LT T e T
Internal Internal Internal
Reserved Reserved Reserved
$009000 $008000
$006000
36K RAM 32K RAM 24K RAM
$oooc000 L ... ...

Figure 3-6. Memory Map (MS = 1, MSW1 = 0, MSWO0 = 0)

3.3

The dedicated and shared peripherals for each DSP core are the same, and the peripherals’ register memory
map for the both cores are the same.

Peripheral Register Memory Map

DSP Core-0’s on-chip peripherals X-Memory map are listed in Table 3-10 DSP Core-0’s on-chip
peripheral’s Y-Memory Map is listed in Table 3-11.

The X-Memory map and Y-Memory map of DSP Core-1 are essentially the same as the DSP Core-0; the
difference being the names of the dedicated peripherals. For example, DSP Core-0 is PIC, while DSP
Core-1is PIC 1.

Legend for the following tables: indicates a dedicated peripheral, while blue indicates a shared

peripheral.
Table 3-8. X-Memory Map for DSP Core-0 and Core-1
Blocks
Address Range
DSP Core-0 DSP Core-1

X: $FF_FFFF-$FF_FFFD PIC PIC_1

X: $FF_FFFC CIM CIM_1
X: $FF_FFFB-$FF_FFF9 PIC PIC_1
X: $FF_FFF8-$FF_FFF5 CIM CIM_1
X: $FF_FFF4-$FF_FFDO DMA Control and DMA channels DMA_1 Control and DMA_1 channels
X: $FF_FFCF-$FF_FFCO HDI24 HDI24_1

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor



Memory Map

Table 3-8. X-Memory Map for DSP Core-0 and Core-1 (continued)

Blocks
Address Range

DSP Core-0 DSP Core-1
X: $FF_FFBF-$FF_FFAOQ ESAI, GPIO PORT C ESAI_2, GPIO PORT C1
X: $FF_FF9A-$FF_FF98 GPIO portH GPIO portH
X: $FF_FF97-$FF_FF90 SHI SHI_1
X: $FF_FF8F-$FF_FF80 Triple Timer (TEC) Triple Timer (TEC_1)
X: $FF_FF7F-$FF_FF7C CGM
X: $FF_FF7B-$FF_FF78 Reserved
X: $FF_FF77-$FF_FF60 S/PDIF
X: $FF_FF5F-$FF_FE6C Reserved
X: $FF_FE6B-$FF_FEO00 EMC
X: $FF_FDFF-$FF_E000 Reserved

Table 3-9. Y-Memory Map for DSP Core-0 and Core-1

Blocks
Address Range
DSP Core-0 DSP Core-1
Y: $FF_FFFF-$FF_FFF8 GPIO Port G
Y: $FF_FFF7-$FF_FFFO GPIO Port A
Y: $FF_FFEF-$FF_FFES Reserved

Y: $FF_FFE7-$FF_FFEO

Chip Configuration Registers

Y: $FF_FFDF-$FF_FFDC Reserved Reserved
Y:$FF_FFDB-$FF_FFDO ICC ICC
Y: $FF_FFCF-$FF_FFCB Reserved Reserved

Y: $FF_FFCA ESAI/ESIA_1 internal clock control | ESAI_2/ESIA_3 internal clock control
Y: $FF_FFC9 Reserved Reserved
Y: $FF_FFC8 EMC/ICC Error Status Register EMC/ICC Error Status Register
Y: $FF_FFC8-$FF_FFC4 Reserved Reserved
Y: $FF_FFC3-$FF_FFCO WDT WDT_1
Y: $FF_FFBF-$FF_FFBO Reserved Reserved
Y: $FF_FFAF-$FF_FFAOQ Reserved Reserved
Y:$FF_FF9F-$FF_FF80 ESAI_1 ESAI_3

. Y:$FF_FF7F-$FF_FC40

Reserved
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Table 3-9. Y-Memory Map for DSP Core-0 and Core-1 (continued)

Blocks
Address Range
DSP Core-0 DSP Core-1
Y:$FF_FC3F-$FF_FCO00 ASRC
Y:$FF_FBFF-$FF_E000 Reserved

Table 3-10. Detailed Device X-Memory Map

Peripherals Address Register Name'
PIC, PIC_1 X: $FF_FFFF | Interrupt Priority Register Core (IPR-C)
X: $FF_FFFE | Interrupt Priority Register Peripheral (IPR-P)
X: $FF_FFFD |Reserved
CIM, CIM_1 X: $FF_FFFC | OnCE Global Data Register (OGDB)
PIC, PIC_1 X: $FF_FFFB | Interrupt Priority Register Core (IPR_C1)
X: $FF_FFFA | Interrupt Priority Register Peripheral (IPR_P1)
X: $FF_FFF9 | Reserved
CIM, CIM_1 X: $FF_FFF8 | DMA stall register (DMAS).
X: $FF_FFF6 |Reserved
X: $FF_FFF5 | CHIP ID Register (CHIDR)
DMA, DMA_1 X: $FF_FFF4 | DMA Status Register (DSTR)
X: $FF_FFF3 | DMA Offset Register 0 (DORO)
X: $FF_FFF2 | DMA Offset Register 1 (DOR1)
X: $FF_FFF1 | DMA Offset Register 2 (DOR2)
X: $FF_FFFO | DMA Offset Register 3 (DORS3)
DMA, DMA_1 X: $FF_FFEF | DMA Source Address Register (DSRO0)
Channel 0 X: $FF_FFEE | DMA Destination Address Register (DDRO0)
X: $FF_FFED | DMA Counter (DCOO)
X: $FF_FFEC | DMA Control Register (DCRO)
DMA, DMA_1 X: $FF_FFEB | DMA Source Address Register (DSR1)
Channel 1 X: $FF_FFEA | DMA Destination Address Register (DDR1
X: $FF_FFE9 | DMA Counter (DCO1)
X: $FF_FFE8 | DMA Control Register (DCR1)
DMA, DMA_1 X: $FF_FFE7 |DMA Source Address Register (DSR2)
Channel 2 X: $FF_FFE6 | DMA Destination Address Register (DDR2)
X: $FF_FFE5 | DMA Counter (DCO2)
X: $FF_FFE4 | DMA Control Register (DCR2)
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Table 3-10. Detailed Device X-Memory Map (continued)
Peripherals Address Register Name'
DMA, DMA_1 X: $FF_FFE3 | DMA Source Address Register (DSR3)
Channel 3 . :
X: $FF_FFE2 | DMA Destination Address Register (DDR3)
X: $FF_FFE1 | DMA Counter (DCO3)
X: $FF_FFEO | DMA Control Register (DCR3)
DMA, DMA_1 X: $FF_FFDF | DMA Source Address Register (DSR4)
Channel 4 . .
X: $FF_FFDE | DMA Destination Address Register (DDR4)
X: $FF_FFDD | DMA Counter (DCO4)
X: $FF_FFDC | DMA Control Register (DCR4)
DMA, DMA_1 X: $FF_FFDB | DMA Source Address Register (DSR5)
Channel 5 - :
X: $FF_FFDA | DMA Destination Address Register (DDR5)
X: $FF_FFD9 | DMA Counter (DCO5)
X: $FF_FFD8 | DMA Control Register (DCR5)
DMA, DMA_1 X: $FF_FFD7 | DMA Source Address Register (DSR6)
Channel 6 . .
X: $FF_FFD6 | DMA Destination Address Register (DDR6)
X: $FF_FFD5 | DMA Counter (DCO6)
X: $FF_FFD4 | DMA Control Register (DCR6)
DMA, DMA_1 X: $FF_FFD3 | DMA Source Address Register (DSR7)
Channel 7 . .
X: $FF_FFD2 | DMA Destination Address Register (DDR7)
X: $FF_FFD1 | DMA Counter (DCO7)
X: $FF_FFDO |DMA Control Register (DCR7)
HDI24/ X: $FF_FFCF | Reserved
HDI24_1 to
X: $FF_FFC8
X: $FF_FFC7 |Host Transmit Register (HOTX)
X: $FF_FFC6 |Host Receive Register (HORX)
X: $FF_FFC5 |Host Base Address Register (HBAR)
X: $FF_FFC4 |Host Port Control Register (HPCR)
X: $FF_FFC3 |Host Status Register (HSR)
X: $FF_FFC2 |Host Control Register (HCR)
X: $FF_FFC1 |Reserved
to
X: $FF_FFCO
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Table 3-10. Detailed Device X-Memory Map (continued)
Peripherals Address Register Name'
GPIO Port C, X: $FF_FFBF | PORT C/C1 Control Register (PCRC)
Port C1 X: $FF_FFBE |PORT C/C1 Direction Register (PRRC)

X: $FF_FFBD | PORT C/C1 GPIO Data Register (PDRC)

ESAI, ESAI_2 X: $FF_FFBC | ESAI/ESAI_2 Receive Slot Mask Register B (RSMB)
X: $FF_FFBB | ESAI/ESAI_2 Receive Slot Mask Register A (RSMA)
X: $FF_FFBA | ESAI/ESAI_2 Transmit Slot Mask Register B (TSMB)
X: $FF_FFB9 | ESAI/ESAI_2 Transmit Slot Mask Register A (TSMA)
X: $FF_FFB8 | ESAI/ESAI_2 Receive Clock Control Register (RCCR)
X: $FF_FFB7 | ESAI/ESAI_2 Receive Control Register (RCR)
X: $FF_FFB6 | ESAI/ESAI_2 Transmit Clock Control Register (TCCR)
X: $FF_FFB5 | ESAI/ESAI_2 Transmit Control Register (TCR)
X: $FF_FFB4 | ESAI/ESAI_2 Common Control Register (SAICR)
X: $FF_FFB3 | ESAI/ESAI_2 Status Register (SAISR)
X: $FF_FFB2 | Reserved

to

X: $FF_FFAC
X: $FF_FFAB | ESAI/ESAI_2 Receive Data Register 3 (RX3)
X: $FF_FFAA | ESAI/ESAI_2 Receive Data Register 2 (RX2)
X: $FF_FFA9 | ESAI/ESAI_2 Receive Data Register 1 (RX1)
X: $FF_FFA8 | ESAI/ESAI_2 Receive Data Register 0 (RX0)
X: $FF_FFA7 |Reserved
X: $FF_FFA6 | ESAI/ESAI_2 Time Slot Register (TSR)

ESAI, ESAI_2 X: $FF_FFA5 | ESAI/ESAI_2 Transmit Data Register 5 (TX5)
X: $FF_FFA4 | ESAI/ESAI_2 Transmit Data Register 4 (TX4)
X: $FF_FFA3 | ESAI/ESAI_2 Transmit Data Register 3 (TX3)
X: $FF_FFA2 | ESAI/ESAI_2 Transmit Data Register 2 (TX2)
X: $FF_FFA1 | ESAI/ESAI_2 Transmit Data Register 1 (TX1)
X: $FF_FFAO | ESAI/ESAI_2 Transmit Data Register 0 (TX0)
X: $FF_FF9F |Reserved

to
X: $FF_FF9B
GPIO port H/H1 X: $FF_FF9A | Port H Control Register (PCRH)

X: $FF_FF99 | Port H Direction Register (PRRH)
X: $FF_FF98 | Port H GPIO Data Register (PDRH)
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Table 3-10. Detailed Device X-Memory Map (continued)

Memory Map

Peripherals Address Register Name'
SHI, SHI_1 X: $FF_FF97 |Reserved
to
X: $FF_FF95
X: $FF_FF94 | SHI Receive FIFO (HRX)
X: $FF_FF93 | SHI Transmit Register (HTX)
X: $FF_FF92 | SHI 12C Slave Address Register (HSAR)
X: $FF_FF91 | SHI Control/Status Register (HCSR)
X: $FF_FF90 | SHI Clock Control Register (HCKR)
TEC, TEC_1 X: $FF_FF8F | Timer 0 Control/Status Register (TCSRO)
X: $FF_FF8E | Timer 0 Load Register (TLRO)
X: $FF_FF8D | Timer 0 Compare Register (TCPRO)
X: $FF_FF8C | Timer 0 Count Register (TCRO)
X: $FF_FF8B | Timer 1 Control/Status Register (TCSR1)
X: $FF_FF8A | Timer 1 Load Register (TLR1)
X: $FF_FF89 | Timer 1 Compare Register (TCPR1)
X: $FF_FF88 |Timer 1 Count Register (TCR1)
X: $FF_FF87 | Timer 2 Control/Status Register (TCSR2)
X: $FF_FF86 |Timer 2 Load Register (TLR2)
X: $FF_FF85 | Timer 2 Compare Register (TCPR2)
X: $FF_FF84 |Timer 2 Count Register (TCR2)
X: $FF_FF83 | Timer Prescaler Load Register (TPLR)
X: $FF_FF82 | Timer Prescaler Count Register (TPCR)
X: $FF_FF81 |Reserved
to
X: $FF_FF80
CGM X: $FF_FF7F | Reserved
X: $FF_FF7E | The ASRC internal generated reference clock divisor (ASCDR)
X: $FF_FF7D | PLL Control Register (PCTL)
X: $FF_FF7C | Shared Peripheral Clock Enable Register (SPENA)
X: $FF_FF7B | Reserved
to
X: $FF_FF75
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Table 3-10. Detailed Device X-Memory Map (continued)
Peripherals Address Register Name'
S/PDIF X: $FF_FF74 | S/PDIF Transmit Clock Control Register (STC)
X: $FF_FF73 |Reserved
to
X: $FF_FF72
X: $FF_FF71 | Frequency Measurement (SRFM)
X: $FF_FF70 | S/PDIF Transmit Professional C Channel Lo (STCSPL)
X: $FF_FF6F | S/PDIF Transmit Professional C Channel Hi (STCSPH)
X: $FF_FF6E | S/PDIF Transmit Consumer C Channel Lo (STCSCL)
X: $FF_FF6D | S/PDIF Transmit Consumer C Channel Hi (STCSCH)
X: $FF_FF6C | S/PDIF Transmit Right Channel (STR)
X: $FF_FF6B | S/PDIF Transmit Left Channel (STL)
X: $FF_FF6A | S/PDIF Receiver Q Channel (SRQ)
X: $FF_FF69 | S/PDIF Receiver U Channel (SRU)
X: $FF_FF68 | S/PDIF Receiver Channel Status 24-47(SRCSL)
X: $FF_FF67 | S/PDIF Receiver Channel Status 00-23 (SRCSH)
X: $FF_FF66 | S/PDIF Receiver Right (SRR)
X: $FF_FF65 | S/PDIF Receiver Left (SRL)
X: $FF_FF64 | S/PDIF Interrupt STAT/CLR (SIS/SIC)
X: $FF_FF63 | S/PDIF Interrupt Register (SIE)
X: $FF_FF62 | S/PDIF Phase Configuration Register (SRPC)
X: $FF_FF61 | S/PDIF CD Text Control Register (SRCD)
X: $FF_FF60 | S/PDIF Configuration Register (SCR)
X: $FF_FF5F | Reserved
to
X: $FF_FE70
Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 3-10. Detailed Device X-Memory Map (continued)
Peripherals Address Register Name'
EMC X: $FF_FE6F |Reserved
to
X: $FF_FE6C
X: $FF_FE6B | EMC Clock Ratio Register high part (CRRH)
X: $FF_FEB6A | EMC Clock Ratio Register low part (CRRL)
X: $FF_FE69 | EMC Configuration Register high part (BCRH)
X: $FF_FE68 | EMC Configuration Register low part (BCRL)
X: $FF_FE67 |Reserved
to
X: $FF_FE62
X: $FF_FE61 | EMC Transfer Error Address Register high part (TEARH)
X: $FF_FE60 |EMC Transfer Error Address Register low part (TEARL)
X: $FF_FE5F | EMC Transfer Error Attributes Register high part (TEATRH)
X: $FF_FE5E | EMC Transfer Error Attributes Register low part (TEATRL)
X: $FF_FE5D | EMC Transfer Error Interrupt Register (TEIR)
X: $FF_FE5C |Reserved
X: $FF_FE5B | EMC Transfer Error Disable Register (TEDR)
X: $FF_FE5A | Reserved
X: $FF_FE59 | EMC Transfer Error Status Register (TESR)
X: $FF_FE58 |Reserved
X: $FF_FE57 |Reserved
to
X: $FF_FE54
X: $FF_FE53 | SDRAM Refresh Timer (SRT)
X: $FF_FE52 |Reserved
X: $FF_FE51 | EMC UPM Refresh Timer (URT)
X: $FF_FE50 |Reserved
X: $FF_FE4F |Reserved
to
X: $FF_FE4C
X: $FF_FE4B |EMC SDRAM Mode Register high part (SDMRH)
X: $FF_FE4A | EMC SDRAM Mode Register low part (SDMRL)
X: $FF_FE49 |Reserved
to
X: $FF_FE46
X: $FF_FE45 |EMC UPM Data Register high part (VDRH)
X: $FF_FE44 |EMC UPM Data Register low part (MDRL)
Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 3-10. Detailed Device X-Memory Map (continued)
Peripherals Address Register Name'
EMC X: $FF_FE43 |EMC Memory Refresh Timer Prescaler Register (MRTPR)
X: $FF_FE42 |Reserved
to
X: $FF_FF3E
X: $FF_FE3D |EMC UPMC Mode Register high part (MCMRH)
X: $FF_FE3C |EMC UPMC Mode Register low part (MCMRL)
X: $FF_FE3B |EMC UPMB Mode Register high part (MBMRH)
X: $FF_FE3A |EMC UPMB Mode Register low part (VBMRL)
X: $FF_FE39 |EMC UPMA Mode Register high part (MAMRH)
X: $FF_FE38 |EMC UPMA Mode Register low part (MAMRL)
X: $FF_FE37 |Reserved
to
X: $FF_FE36
X: $FF_FE35 |EMC UPM Address Register high part (MARH)
X: $FF_FE34 |EMC UPM Address Register low part (MARL)
X: $FF_FE33 |Reserved
to
X: $FF_FE20
X: $FF_FE1F | EMC Options Register 7 high part (ORH7)
X: $FF_FE1E | EMC Options Register 7 low part (ORL7)
X: $FF_FE1D |EMC Base Register 7 high part (BRH7)
X: $FF_FE1C |EMC Base Register 7 low part (BRL7)
X: $FF_FE1B | EMC Options Register 6 high part (ORH6)
X: $FF_FE1A | EMC Options Register 6 low part (ORL6)
X: $FF_FE19 | EMC Base Register 6 high part (BRH6)
X: $FF_FE18 | EMC Base Register 6 low part (BRL6)
X: $FF_FE17 |EMC Options Register 5 high part (ORH5)
X: $FF_FE16 | EMC Options Register 5 low part (ORLS5)
X: $FF_FE15 | EMC Base Register 5 high part (BRH5)
X: $FF_FE14 | EMC Base Register 5 low part (BRL5)
X: $FF_FE13 | EMC Options Register 4 high part (ORH4)
X: $FF_FE12 | EMC Options Register 4 low part (ORL4)
X: $FF_FE11 | EMC Base Register 4 high part (BRH4)
X: $FF_FE10 |EMC Base Register 4 low part (BRL4)
Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 3-10. Detailed Device X-Memory Map (continued)

Memory Map

Peripherals Address Register Name'

EMC X: $FF_FEOF | EMC Options Register 3 high part (ORH3)
X: $FF_FEOE | EMC Options Register 3 low part (ORL3)
X: $FF_FEOD | EMC Base Register 3 high part (BRH3)
X: $FF_FEOC |EMC Base Register 3 low part (BRL3)
X: $FF_FEOB | EMC Options Register 2 high part (ORH2)
X: $FF_FEOA | EMC Options Register 2 low part (ORL2)
X: $FF_FE09 | EMC Base Register 2 high part (BRH2)
X: $FF_FE08 | EMC Base Register 2 low part (BRL2)
X: $FF_FEO7 | EMC Options Register 1 high part (ORH1)
X: $FF_FEO06 | EMC Options Register 1 low part (ORL1)
X: $FF_FEO5 | EMC Base Register 1 high part (BRH1)
X: $FF_FEO04 | EMC Base Register 1 low part (BRL1)
X: $FF_FEO03 | EMC Options Register 0 high part (ORHO0)
X: $FF_FEO2 | EMC Options Register 0 low part (ORLO)
X: $FF_FEO1 | EMC Base Register 0 high part (BRHO)
X: $FF_FEOO |EMC Base Register 0 low part (BRLO)
X: $FF_FDFF | Reserved

to

X: $FF_F000

' Includes short name and long name.

Table 3-11. Detailed Device Y-Memory Map

Peripherals Address Register Name'
GPIO PORT G Y:$FF_FFFF |Reserved
Y: $FF_FFFE | Port G Control Register 1(PCRG1)
Y: $FF_FFFD |Port G GPIO Direction Register 1(PRRG1)
Y: $FF_FFFC | Port G GPIO Data Register 1(PDRG1)
Y:$FF_FFFB |Reserved
Y: $FF_FFFA | Port G Control Register (PCRG)
Y: $FF_FFF9 | Port G GPIO Direction Register (PRRG)
Y: $FF_FFF8 | Port G GPIO Data Register (PDRG)
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Table 3-11. Detailed Device Y-Memory Map (continued)
Peripherals Address Register Name'

GPIO PORT A Y:$FF_FFF7 |Reserved
Y:$FF_FFF6 |Port A Control Register 1 (PCRA_1)
Y:$FF_FFF5 | Port A GPIO Direction Register 1 (PRRA_1)
Y: $FF_FFF4 | Port A GPIO Data Register 1 (PDRA_1)
Y: $FF_FFF3 |Reserved
Y: $FF_FFF2 | Port A Control Register (PCRA)
Y: $FF_FFF1 | Port A GPIO Direction Register (PRRA)
Y: $FF_FFFO | Port A GPIO Data Register (PDRA)
Y:$FF_FFEF |Reserved

to
Y:$FF_FFE7
Chip Y:$FF_FFE6 | External Memory Burst Control Register (EMBC)

Configuration Y:$FF_FFE5 |EMC PLL Status & Control Register (PSC)
Y:$FF_FFE4 | Chip Pin Mux Control (PMCR)
Y:$FF_FFE3 | ESAI Pin Switch Control Register (EPSC)
Y:$FF_FFE2 | Once Debug and Burst Control Register (ODBC)
Y:$FF_FFE1 | Shared Peripheral Software Reset Control Register (SPSR)
Y:$FF_FFEO |Shared Bus Arbiters Control Register (OACR)
Y: $FF_FFDF | Reserved

to
Y:$FF_FFDC
Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 3-11. Detailed Device Y-Memory Map (continued)

Memory Map

Peripherals Address Register Name'
ICC Y:$FF_FFDB |ICC Data Register 1 (ICDR1)
For non-maskable interrupt to the other core.
Inter-Core .
Communication Y:$FF_FFDA |ICC Control Reglst_er 1 (ICCR1)
For non-maskable interrupt to the other core.
Y:$FF_FFD9 |ICC Data Register 2 (ICDR2)
For non-maskable Interrupt from the other core.
Y:$FF_FFD8 |ICC Control Register 2 (ICCR2)
For non-maskable Interrupt from the other core.
Y:$FF_FFD7 |ICC Data Register 3 (ICDR3)
For maskable Interrupt fo the other core.
Y:$FF_FFD6 |ICC Control Register 3 (ICCR3).
For maskable Interrupt fo the other core.
Y:$FF_FFD5 |ICC Acknowledge Registers3 (ICAR3)
The other core’s acknowledge for the maskable interrupt fo the other core.
Y:$FF_FFD4 |ICC Data Register 4 (ICDR4)
For maskable Interrupt from the other core.
Y:$FF_FFD3 |ICC Control Register 4 (ICCR4)
For maskable Interrupt from the other core.
Y:$FF_FFD2 |ICC Acknowledge Register 4 (ICAR4)
Acknowledge for the maskable interrupt from the other core.
Y:$FF_FFD1 |ICC Poll Register 1(ICPR1)
Read poll data from the other core.
Y:$FF_FFDO |ICC Poll Register 2 (ICPR2)
Write poll data to the other core.
Y: $FF_FFCF | Reserved
to
Y: $FF_FFCB
Y: $FF_FFCA | ESAI Internal Clock Connect Control Register
Y: $FF_FFC9 |Reserved
Y: $FF_FFC8 | EMC/ICC Error Status Register
Y: $FF_FFC7 |Reserved
to
Y: $FF_FFC4
WDT,WDT_A1 Y: $FF_FFC3 | Watchdog Service Register (WSR)
Y: $FF_FFC2 |Watchdog Count Register (WCNTR)
Y: $FF_FFC1 | Watchdog Modulus Register (WMR)
Y: $FF_FFCO | Watchdog Control Register (WCR)
Y: $FF_FFBF |Reserved
to
Y: $FF_FFAOQ
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Table 3-11. Detailed Device Y-Memory Map (continued)

Peripherals Address Register Name'
ESAI_1,ESAI_3 | | Y:$FFFF9F Port E/E1 Control Register (PCRE)
Y:$FFFF9E Port E/E1 Direction Register (PPRE)
Y:$FFFF9D Port E/E1 GPIO Data Register (PDRE)
Y:$FFFFOC ESAI_1/3 Receive Slot Mask Register B (RSMB_1)
Y:$FFFF9B ESAI_1/3 Receive Slot Mask Register A (RSMA_1
Y:$FFFF9A ESAI_1/3 Transmit Slot Mask Register B (TSMB_1)
Y:$FFFF99 ESAI_1/3 Transmit Slot Mask Register A (TSMA_1)
Y:$FFFF98 ESAI_1/3 Receive Clock Control Register (RCCR_1)
Y:$FFFF97 ESAI_1/3 Receive Control Register (RCR_1)
Y:$FFFF96 ESAI_1/3 Transmit Clock Control Register (TCCR_1)
Y:$FFFF95 ESAI_1/3 Transmit Control Register (TCR_1)
Y:$FFFF94 ESAI_1/3 Common Control Register (SAICR_1)
Y:$FFFF93 ESAI_1/3 Status Register (SAISR_1)
Y:$FFFF92 Reserved
:?:$FFFF8C
Y:$FFFF8B ESAI_1/3 Receive Data Register 3 (RX3_1)
Y:$FFFF8A ESAI_1/3 Receive Data Register 2 (RX2_1)
Y:$FFFF89 ESAI_1/3 Receive Data Register 1 (RX1_1)
Y:$FFFF88 ESAI_1/3 Receive Data Register 0 (RX0_1
Y:$FFFF87 Reserved
Y:$FFFF86 ESAI_1/3 Time Slot Register (TSR_1/3)
Y:$FFFF85 ESAI_1/3 Transmit Data Register 5 (TX5_1)
Y:$FFFF84 ESAI_1/3 Transmit Data Register 4 (TX4_1)
Y:$FFFF83 ESAI_1/3 Transmit Data Register 3 (TX3_1)
Y:$FFFF82 ESAI_1/3 Transmit Data Register 2 (TX2_1)
Y:$FFFF81 ESAI_1/3 Transmit Data Register 1 (TX1_1)
Y:$FFFF80 ESAI_1/3 Transmit Data Register 0 (TX0_1)
ASRC Y:$FF_FF7F |Reserved
Y:$FthFC1 E
Y: $FF_FC1D | Data Output Register for Pair C (ASRDOC)
Y: $FF_FC1C |Data Input Register for Pair C (ASRDIC)
Y: $FF_FC1B |Data Output Register for Pair B (ASRDOB)
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Memory Map
Table 3-11. Detailed Device Y-Memory Map (continued)
Peripherals Address Register Name'
ASRC Y: $FF_FC1A |Data Input Register for Pair B (ASRDIB)
Y: $FF_FC19 | Data Output Register for Pair A (ASRDOA)
Y: $FF_FC18 |Data Input Register for Pair A (ASRDIA)
Y: $FF_FC17 |Channel Counter Register (ASRCCR)
Y: $FF_FC16 |Reserved
Y: $FF_FC15 |Taskque FIFO Register 1 (ASRTFR1)
Y: $FF_FC14 | Parameter Register 5(ASRPM5)
Y: $FF_FC13 | Parameter Register 4(ASRPM4)
Y: $FF_FC12 | Parameter Register 3(ASRPM3)
Y: $FF_FC11 | Parameter Register 2(ASRPM2)
Y: $FF_FC10 |Parameter Register 1(ASRPM1)
Y: $FF_FCOF | Debug Control Register -1 (ASRDCR-1).
Y: $FF_FCOE | Debug Control Register (ASRDCR).
Y: $FF_FCOD |Memory Access Data Register (ASRMAD)
Y: $FF_FCOC |Memory Access Address Register (ASRMAA)
Y: $FF_FCOB |Reserved
to
Y: $FF_FC09
Y: $FF_FC08 | ASRC Status Register (ASRSTR)
Y: $FF_FCO07 | ASRC Clock Divider Register (ASRCDR-2)
Y: $FF_FC06 |ASRC Clock Divider Register (ASRCDR-1)
Y: $FF_FCO05 | ASRC Clock Source Register (ASRCSR)
Y: $FF_FCO04 | Filter Configuration Status Register (ASRCFG)
Y: $FF_FCO03 | Channel Number Configuration Register (ASRCNCR)
Y: $FF_FCO02 | Interrupt Enable Mask Register (ASRIEM)
Y: $FF_FCO1 | Interrupt Enable Register (ASRIER)
Y: $FF_FCO00 |ASRC Control Register (ASRCTR)
Y:$FF_FBFF |Reserved
to
Y:$FF_F000
' Include short name and long name.
Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Chapter 4
DSP56300 Platform

4.1 Overview

The DSP56720 and DSP56721 have two DSP56300 platforms, which are identical. Each DSP56300
platform includes a DSP56300 core, a direct memory access unit (DMA), a program interrupt controller
(PIC), and a Core/DMA Arbiter.

Figure 4-1on page 4-2 provides the block diagram for the DSP56300 Core in DSP56720 and DSP56721.
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Figure 4-1. DSP56300 Core in DSP56720/DSP56721

The dedicated peripheral bus interface includes PM_EB and GDB signals, and connects to dedicated
peripherals. Peripherals can also be connected via the shared bus.

The DSP56300 core is a high-performance, single clock-cycle-per-instruction engine that provides up to
twice the performance of Freescale's popular DSP56000 core family, while also retaining code
compatibility with it.
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4.2 DSP56300 Core Features

The DSP56300 core family provides a new level of performance in speed and power, provided by its rich
instruction set and low power dissipation, thus enabling a new generation of wireless, telecommunications
and multimedia products. Significant architectural enhancements to the DSP56300 core family include a
barrel shifter, 24-bit addressing, an instruction patch module and direct memory access (DMA).
DSP56300 core features include:

*  DSP56300 modular chassis

* 200 Million Instructions Per Second (MIPS) with a 200 MHz clock with 1.0 V internal logic
supply

* Object code-compatible with DSP56000 core

* Data ALU with 24 x 24 bit multiplier-accumulator and 56-bit barrel shifter plus support for 16-bit
arithmetic

* Program control with support for position-independent code and instruction patches
* 8-channel DMA controller

* Support for internal address-tracing plus OnCE for hardware/software debugging

e STOP and WAIT low-power standby modes

4.3 DSP56300 Block Descriptions

The DSP56300 core provides five main functional blocks:
* Data arithmetic logic unit (Data ALU)
* Address generation unit (AGU)
e Program control unit (PCU)
e Internal Data Bus Switch
e OnCE module

DSP56300 core features are described fully in the DSP56300 Family Manual.

4.3.1 Data ALU
The Data ALU performs all the arithmetic and logical operations on data operands in the DSP56300 core.
Data ALU features include:

* Fully pipelined 24-bit x 24-bit parallel multiplier-accumulator (MAC)

» Bit field unit, comprising a 56-bit parallel barrel shifter (fast shift and normalization, bit stream
generation and parsing)

* Conditional ALU instructions
* 24-bit or 16-bit arithmetic support under software control
* Four 24-bit input general purpose registers: X1, X0, Y1 and YO

* Six Data ALU registers (A2, Al, A0, B2, B1 and B0), that are concatenated into two general
purpose 56-bit accumulators (A and B), plus accumulator shifters

e Two data bus shifter/limiter circuits

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor 3



DSP56300 Platform

43.1.1 Data ALU Registers

The Data ALU registers can be read or written over the X memory data bus (XDB) and the Y memory data
bus (YDB), as 24- or 48-bit operands (or as 16- or 32-bit operands in 16-bit arithmetic mode). The source
operands for the Data ALU, which can be 24, 48, or 56 bits (16, 32, or 40 bits in 16-bit arithmetic mode),
always originate from Data ALU registers. The results of all Data ALU operations are stored in an
accumulator.

All the Data ALU operations are performed in two clock cycles (in pipeline fashion) so that a new
instruction can be initiated on every clock, yielding an effective execution rate of one instruction per clock
cycle. The destination of every arithmetic operation can be used as a source operand for the immediately
following arithmetic operation without a time penalty (without a pipeline stall).

4.3.1.2 Multiplier-Accumulator (MAC)

The MAC unit comprises the main arithmetic processing unit of the DSP56300 core and performs all of
the calculations on data operands. For arithmetic instructions, the MAC accepts as many as three input
operands and outputs one 56-bit result with the following form: Extension:Most Significant Product:Least
Significant Product (EXT:MSP:LSP).

The multiplier executes 24-bit x 24-bit, parallel, fractional multiplies, between two’s-complement signed,
unsigned, or mixed operands. The 48-bit product is right-justified and added to the 56-bit contents of either
the A or B accumulator. A 56-bit result can be stored as a 24-bit operand. The LSP can either be truncated
or rounded into the MSP. Rounding is performed if specified.

4.3.2 Address Generation Unit (AGU)

The Address Generation Unit performs effective address calculations using integer arithmetic necessary to
address data operands in memory, and contains the registers used to generate the addresses. The AGU
implements four types of arithmetic (linear, modulo, multiple wrap-around modulo, reverse-carry), and
operates in parallel with other chip resources to minimize address-generation overhead.

The AGU is divided into two halves, each with its own Address ALU. Each Address ALU has four sets of
register triplets. Each register triplet is composed of an address register, an offset register and a modifier
register. The two Address ALUs are identical. Each Address ALU contains a full 24-bit adder (called an
offset adder).

A second full adder (called a modulo adder) adds the summed result of the first full adder to a modulo value
that is stored in its respective modifier register. A third full adder (called a reverse-carry adder) is also
provided.

The offset adder and the reverse-carry adder are in parallel and share common inputs. The only difference
between the offset and reverse-carry adders is that the carry propagates in opposite directions. Test logic
determines which of the three summed results of the full adders is output.

Each Address ALU can update one address register (from its respective address register file) during one
instruction cycle. The contents of the associated modifier register specifies the type of arithmetic to be used
in the address register update calculation. The modifier value is decoded in the Address ALU.
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4.3.3 Program Control Unit (PCU)

The Program control unit performs instruction prefetch, instruction decoding, hardware DO loop control
and exception processing. The PCU implements a seven-stage pipeline and controls the different
processing states of the DSP56300 core. The PCU consists of three hardware blocks:

* Program decode controller (PDC)

* Program address generator (PAG)

* Program interrupt controller (PIC)
The Program Decode controller decodes the 24-bit instruction loaded into the instruction latch and
generates all signals necessary for pipeline control. The Program Address Generator contains all the
hardware needed for program address generation, system stack and loop control. The Program Interrupt

Controller arbitrates among all interrupt requests (internal interrupts, as well as the five external requests:
IRQA, IRQB, IRQC, IRQD and NMI) and generates the appropriate interrupt vector address.

PCU features include:
* Position-independent code support
* Addressing modes optimized for DSP applications (including immediate offsets)
*  On-chip instruction cache controller
*  On-chip memory-expandable hardware stack
* Nested hardware DO loops
* Fast auto-return interrupts

The PCU implements its functions using the following registers:
* PC: Program Counter Register
* SR: Status Register
* LA: Loop Address Register
* LC: Loop Counter Register
* VBA: Vector Base Address Register
* SZ: Stack Size Register
* SP: Stack Pointer
* OMR: Operating Mode Register
* SC: Stack Counter Register

The PCU also includes a hardware system stack (SS).

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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4.3.4

Internal Buses

To provide data exchange between blocks, the following buses are implemented:

Peripheral input/output expansion bus (PIO_EB) to peripherals

Global data bus (GDB) between registers in the DMA, AGU, OnCE, and PCU, as well as the
memory-mapped registers in the peripherals

DMA data bus (DDB), which carries DMA data between memories and/or peripherals

DMA address bus (DAB), which carries DMA addresses to memories and peripherals
Program Data Bus (PDB), which carries program data between the core and internal memory
X memory Data Bus (XDB), which carries X data between the core and internal memory

Y memory Data Bus (YDB), which carries Y data between the core and internal memory
Program address bus (PAB), which carries program memory addresses throughout the core
X memory address bus (XAB), which carries X memory addresses throughout the core

Y memory address bus (YAB), which carries Y memory addresses throughout the core

Shared Bus for external memory expansion or external shared memory-mapped peripherals or
memory. The Shared Bus is an enhanced feature which replaces the Port A external memory
interface from the DSP56300 family. All accesses via the Shared Bus behave as a zero wait state
SSRAM access from the Port A external memory interface, potentially extended by a transfer
acknowledge. For this reason, all Program memory accesses by the DSP core over the Shared Bus
take one additional wait state to complete.

All internal buses on the DSP56300 family members are 24-bit buses.

4.3.5

OnCE Module

An On-chip Emulation (OnCE) port supports hardware and software development on the DSP56300 core
processor. It allows non-intrusive interaction with the core and its peripherals, so that developers can
examine registers, memory, or on-chip peripherals. This facilitates hardware and software development on
the DSP56300 core processor. OnCE module functions are provided through the JTAG TAP pins.
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Chapter 5
Core Configuration

5.1 Introduction

This chapter contains configuration details specific to the two DSP cores of the DSP56720/DSP56721
device, which includes:

*  Operating modes register (OMR)
* Status Register (SR)
*  Operating modes
e Interrupt sources and priorities
* DMA request sources
e ChipID
For more information about specific registers or modules in the DSP56300 core, see the

<Emphasis>DSP56300 24-Bit Digital Signal Processor Family Manual, Motorola publication
DSP56300FM/AD (DSP56300FM).

5.2 Operating Mode Register (OMR)

Both DSP cores have the operating mode register (OMR) as shown in Table 5-1. See the
<Emphasis>DSP56300 24-Bit Digital Signal Processor Family Manual, Motorola publication
DSP56300FM/AD for a description of the all of the OMR bits.

Table 5-1. Operating Mode Register (OMR)

SCS EOM COM

23 22 21 20 19 18 17 16 15 14 13 12 11 10 9 8 7 6 5 4 3 2 A1

MSW 1: 0| SEN |WRP|EOV | EUN | XYS CDP1:0 | MS | SD MD | MC | MB

Reset:
o o o o o o o o0 O o000 o0$€0o9o€o11t 11t o o0 o0 o0 *» = -~

Note: After reset, these bits reflect the corresponding value of the mode input (that is, MODD, MODC, MODB, or
MODA, respectively).

- Reserved bit. Read as zero, should be written with zero for future compatibility

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor



3
4

y
A

Core Configuration

OMR (Table 5-1) is a 24-bit register that is partitioned into the following three bytes:

*  OMR[23:16], System Stack Control/Status (SCS) Byte: Controls and monitors the stack extension
in the data memory. The SCS byte is referenced implicitly by an instruction such as DO, JSR, or
RTI, or referenced directly by the MOVEC instruction.

*  OMR[15:8], Extended Chip Operating Mode (EOM) Byte: Determines the operating mode of the
chip. This byte is affected only by hardware reset and by instructions directly referencing the OMR
(that is, ANDI, ORI, and other instructions, such as MOVEC, that specify OMR as a destination).

*  OMR[7:0], Chip Operating Mode (COM) Byte: Determines the operating mode of the chip. This
byte is affected only by hardware reset and by instructions directly referencing the OMR (that is,
ANDI, ORI, and other instructions, such as MOVEC, that specify OMR as a destination). During
hardware reset, the chip operating mode bits (MD, MC, MB, and MA) are loaded from the external
mode select pins MODD, MODC, MODB, and MODA, respectively.

Table 5-2. Operation Mode Register Bit Definitions

Bit Bit Reset -
Number | Name | Value Description

23 0 Reserved

Write to zero for future compatibility.
22:21 MSW1, 0 Memory Switch Mode 1, Memory Switch Mode 0
MSWO0 See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR), and Chapter 3 of this

document.

20 SEN 0 Stack Extension Enable
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)

19 WRP 0 Extended Stack Wrap Flag
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)

18 EQV 0 Extended Stack Overflow Flag
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)

0 Extended Stack Underflow Flag

17 ENU See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)

16 XYS 0 Stack Extension Space Select
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)

15:10 0 Reserved

Write to zero for future compatibility.

9:8 CDP1:0 | 2b11 | Core-DMA Priority 1,0
Specifies the priority between core accesses and DMA accesses to the on-chip shared memory,
shared peripherals and external memory bus. For a detailed description of the priority, see the
DSP56300 FM 5.4.1.1 Operation Mode Register (OMR) and 5.4.1.2 Status Register (SR).

7 MS 0 Master Memory Switch Mode
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)

6 SD 0 Stop Delay

See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)

Reserved
Write to zero for future compatibility.
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Table 5-2. Operation Mode Register Bit Definitions

Bit Bit Reset —n
Number | Name | Value Description
3 MD * Operating Mode D
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)
2 MC * Operating Mode C
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)
1 MB * Operating Mode B
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)
0 MA * Operating Mode A
See the DSP56300 FM 5.4.1.1 Operation Mode Register(OMR)
5.3  Status Register (SR)

The Status Register (SR) (Table 5-3) is a 24-bit register that consists of three 8-bit control registers. These
three registers are defined within the SR primarily for compatibility with other Freescale DSPs.

Extended Mode Register (EMR) (SR[23:16]):

Defines the current system state of the processor. The EMR bits are affected by hardware reset,
exception processing, DO FOREVER instructions, ENDDO (end current DO loop) instructions,
BRKcc instructions, RTI (return from interrupt) instructions, TRAP instructions, and instructions
that specify the Status Register (SR) as their destination (for example, MOVEC). During hardware
reset, all EMR bits are cleared.

Mode Register (MR) (SR[15:8]):

Defines the current system state of the processor. The MR bits are affected by hardware reset,
exception processing, DO instructions, ENDDO (end current DO loop) instructions, RTI (return
from interrupt) instructions, TRAP instructions, and instructions that directly reference the Mode
Register (MR) (for example, ANDI, ORI, or instructions, such as MOVEC, that specify the Status
Register (SR) as the destination). During hardware reset, the interrupt mask bits are set and all other
bits are cleared.

Condition Code Register (CCR) (SR[7:0]):

Defines the results of previous arithmetic computations. The CCR register bits are affected by Data
Arithmetic Logic Unit (Data ALU) operations, parallel move operations, instructions that directly
reference the CCR register (ORI and ANDI), and by instructions that specify the Status Register
(SR) as a destination (for example, MOVEC). Parallel move operations affect only the S and L bits
of the CCR register. During hardware reset, all CCR register bits are cleared.

The Status Register is pushed onto the System Stack when the following conditions are true:

Program looping is initialized
A JSR is performed, including long interrupts
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Table 5-3. Status Register (SR)

Extended Mode Register (EMR) Mode Register (MR) Condition Code Register (CCR)

23122 | 21|20|19 | 18 |17 |16 | 15|14 |13 |12 11|10 | 9 8 7 6 | 54| 3|2 1 0

CP[1:0] RM | SM EMA| SA | FV | LF S[M0] | 0] | S| L E/U|N|Z VvV C

Reset:

i 1+ 0 o o0 o0 OO0 o o0 oo o0 o0 o011t 1t 0 O O o0 o o0 o0 o

Table 5-4. Status Register Bit Definitions

Bit Name Reset Description
Value

23:22 CP[1:0] 1 Core Priority:

Under the control of CDP[1:0] bits in the Operating Mode Register (OMR), the Core Priority bits

(CP1, CPO) specify the priority of core accesses to the internal shared memory, peripherals, as

well as the external memory bus.

The CP[1:0]bits are compared against the priority bits of the active DMA channel:

* If the core priority is greater than the DMA priority, the DMA waits for a free time slot on the
external shared bus.

* If the core priority is less than the DMA priority, the core waits for a free time slot on the
external shared bus.

* If the core priority equals the DMA priority, the core and DMA take turns accessing in a
round-robin pattern (for example, ... P, X, Y, DMA, P, X, Y, ...).

The core priority bits are set during hardware reset.

Priority Core DMA OMR .
Mode Priority Priority (CDP[1:0]) SR (CP[1:)
0 Determined by 00 00
_ (Lowest) | DCRn(DPR[1:0])
Dynamic 1 for active DMA 00 01
channels.
2 00 10
3 00 11
(Highest)
Core < DMA 01 XX
Static Core = DMA 10 XX
Core > DMA 11 XX
21 RM 0 Rounding Mode

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).

20 SM 0 Arithmetic Saturation Mode
See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).

19 0 Reserved
Write zeroes for future compatibility.
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Table 5-4. Status Register Bit Definitions (continued)

Bit

Name

Reset
Value

Description

18

EMA

Extended Modulo Addressing

Control bit to enable modulo ranges of up to 24 bits when enabled (when bit is set).

When 24 bit modulo addressing is enabled:

* A linear modifier requires Mn = $FFFFFF;

* A reverse-carry modifier requires Mn = $000000;

¢ A modulo modifier requires Mn = modulus - 1, where modulus can range from 2 to

* A multiple wrap-around modulo modifier requires bit 23 of Mn to be set, bit 22 to be clear, and
the ggmaining bits set to one less than the modulus (which must be a power of two from 2
to 27).

When disabled, the existing 16-bit modulo range is supported for backwards compatibility, as

defined in the DSP56300 Family Manual.

If an RTl instruction is executed and EMA changes due to restoring the Status Register from the

stack, the first instruction after RTI does not use the correct value of EMA. It is recommended

that EMA be restored from the stack before executing an RTI instruction.

223.

17

SA

Sixteen-Bit Arithmetic Mode
See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).

16

FV

DO FOREVER Flag
See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).

15

LF

DO Loop Flag
See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).

14-12 0 Reserved
Write to zero for future compatibility.
11-10 S[1:0] 0 Scaling Mode
See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
9-8 I[1:0] 0 Interrupt Mask

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
7 S 0 Scaling

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
6 L 0 Limit

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
5 E 0 Extension

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
4 U 0 Unnormalized

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
3 N 0 Negative

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
2 z 0 Zero

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
1 \ 0 Overflow

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
0 C 0 Carry

See the DSP56300 Family Manual 5.4.1.2 Status Register (SR).
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5.4 DSP Cores Operating Modes

The operating modes are defined in Table 5-5 and Table 5-6. During reset, Core-0’s OMR: MA, MB, MC,
MD bits are latched from the MODAO, MODB0, MODCO0, and MODDO pins. During reset, Core-1’s
OMR:MA, MB, MC, MD bits are latched from MODA1, MODB1,MODCI1, and MODDI pins.
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Table 5-5. Core-0 Operating Modes in DSP56720

DSP56720 External Pins
MODDO | MODCO MODBO | MODAO
Reset Description
Mode | ©OMR:MD | OMR:MC | OMR:MB | OMR:MA Vector

0 0 0 0 0 $FF_FFFE | Boot via SHI (SPI)

1 0 0 0 1 Boot via SHI (12C Filter)

2 0 0 1 0 Jump to PROM (SPI)

3 0 0 1 1 Jump to PROM (I12C Filter)

4 0 1 0 0 Boot via Core-1

5 0 1 0 1 Boot via SHI Master (SPI-EEPROM)

6 0 1 1 0 Boot via SHI Master (12C-EEPROM)

7 0 1 1 1 Boot via GPIO Master (SPI-EEPROM)
PE6/PE7/PES/PE9

8 1 0 0 0 Boot via External Memory word-wide.
Not available for DSP56721.

9 1 0 0 1 Boot via External Memory byte-wide.
Not available for DSP56721.

A 1 0 1 0 Reserved

1 0 1 1 Reserved

C 1 1 0 0 Boot via HDI24 in ISA mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.

D 1 1 0 1 Boot via HDI24 in HC11 mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.

E 1 1 1 0 Boot via HDI24 in 8051 mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.

F 1 1 1 1 Boot via HDI24 in 68302 mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.
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Table 5-6. Core-1 Operating Modes in DSP56720

DSP56720 External Pins
Reset _
Mode | MODD1 | MODC1 MODB1 MODA1 Description
Vector
OMR:MD | OMR:MC | OMR:MB | OMR:MA

0 0 0 0 0 $FFFFFE | Boot via SHI (SPI)

1 0 0 0 1 Boot via SHI (12C Filter)

2 0 0 1 0 Jump to PROM (SPI)

3 0 0 1 1 Jump to PROM (12C Filter)

4 0 1 0 0 Boot via Core-0

5 0 1 0 1 Boot via SHI Master (SPI-EEPROM)

6 0 1 1 0 Boot via SHI Master (I2C-EEPROM)

7 0 1 1 1 Boot via GPIO Master (SPI-EEPROM)
PE6/PE7/PES/PE9

8 1 0 0 0 Boot via External Memory word-wide.
Not available in DSP56721 packages.

9 1 0 0 1 Boot via External Memory byte-wide.
Not available in DSP56721 packages.

A 1 0 1 0 Reserved
Not available in DSP56721 80-pin packages.

B 1 0 1 1 Reserved
Not available in DSP56721 80-pin packages.

C 1 1 0 0 Boot via HDI24 in ISA mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.

D 1 1 0 1 Boot via HDI24 in HC11 mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.

E 1 1 1 0 Boot via HDI24 in 8051 mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.

F 1 1 1 1 Boot via HDI24 in 68302 mode.
8-bit wide operation should be used when
booting.
Not available for DSP56721 80-pin and
DSP56720 144-pin packages.
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Table 5-7. DSP56720 Core-0/Core-1 Boot Modes

Mode

Name

Description

Mode 0

Boot via SHI (SPI)

In Mode 0, the internal PRAM is loaded from the Serial Host Interface (SHI). The SHI
operates in the SPI slave mode, with 24-bit word width.

The bootstrap code expects to read a single 24-bit word specifying the number of program
words, another 24-bit word specifying the address to start loading the program words, and
then a 24-bit word for each program word to be loaded.

The program words will be stored in contiguous PRAM memory locations starting at the
specified starting address. After reading the program words, program execution starts from
the same address where loading started.

Mode 1

Boot via SHI
(I°C Filter)

Mode 1 boot mode uses the same operation as Mode 0 (Boot via SHI (SPI)), except that
the SHI interface operates in the I2C slave mode, with HCKFR set to 1 and the 100 ns filter
enabled.

Mode 2

Jump to PROM (SPI)

The DSP starts fetching instructions from the starting address of the on-chip Program
ROM. SHI operates in SPI slave mode.

Mode 3

Jump to PROM
(I°C Filter)

The DSP starts fetching instructions from the starting address of the on-chip Program
ROM. SHI operates in I°C mode with the 100 ns filter enabled.

Mode 4

Boot from Other Core

When bit 23 of the ICPR1 register (Y:$FFFFFD1) is set, the DSP starts fetching
instructions from the shared memory area. The DSP fetches instructions from the shared
memory starting at the address indicated in bits 17-0 of the ICPR1 register.

The bootstrap code expects to read a 24-bit word specifying the number of program words,
another 24-bit word specifying the address to start loading the program words, and then a
24-bit word for each program word to be loaded.

The program words will be stored in contiguous PRAM memory locations starting at the
specified starting address. After reading the program words, program execution starts from
the same address where loading started.

Mode 5

Boot via SHI Master
(SPI-EEPROM)

In Mode 5, the internal memory (PRAM, XRAM, or YRAM) is loaded from an external serial
EEPROM or FLASH in SPI mode.

PH4 (HREQ) is used to determine the range of memory to be loaded. When PH4 is
cleared, the 2-byte addressing format is used. When PH4 is set, the 3-byte addressing
format is used.

Mode 5 supports using ST M95xxx, M25Pxx and the Atmel AT25xxx family of
FLASH/EEPROM memories.

Mode 6

Boot via SHI Master
(°C-EEPROM)

In Mode 6, the internal memory (PRAM, XRAM, or YRAM) is loaded from an external serial
EPROM in 12C mode with the 100 ns filter enabled.
Mode 6 supports using ST M24256 and the Atmel AT24C256 memories.

Mode 7

Boot via GPIO
(SPI-EEPROM/FLASH)

In Mode 7, the internal memory (PRAM, XRAM, or YRAM) is loaded from an external serial
EPROM in SPI mode via the GPIO pins.

(Core-0 GPIO pins: PEG6 - Chip Select, PE7 - Data in, PE8 - Data out and PE9 - clock)
or

(Core-1 GPIO pins: PC6_2 - Chip Select, PC7_2 - Data in, PC8_2 - Data out and PC9_2-
clock)

Mode 7 supports using ST M95256 and Atmel AT25256 memories.
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Table 5-7. DSP56720 Core-0/Core-1 Boot Modes (continued)

Mode Name Description

Mode 8 |Boot via EMC In Mode 8, the internal memory (PRAM) is loaded from an external EEPROM or FLASH in
(Word-Wide word-wide mode.

EERPOM/FLASH) The bootstrap code reads the first word in external memory (address $800000). The
bootstrap code expects to read a 24-bit word specifying the number of program words,
another 24-bit word specifying the address to start loading the program words, and then a
24-bit word for each program word to be loaded.
The program words will be stored in contiguous PRAM memory locations starting at the
specified starting address. After reading the program words, program execution starts from
the same address where loading started.

Mode 9 |Boot via EMC Mode 9 boot mode uses the same operation as Mode 8, except that the data is accessed
(Byte-Wide in byte-wide mode, and three bytes form a 24-bit word with big-endian format.
EERPOM/FLASH)

Mode A Reserved

Mode B Reserved

Mode C | Boot via HDI24 Instructions are loaded through the HDI24, which is configured to interface with an ISA bus.
in ISA mode The HOST ISA bootstrap code expects to read a 24-bit word specifying the number of

program words, another 24-bit word specifying the address to start loading the program
words, and then a 24-bit word for each program word to be loaded.

The program words will be stored in contiguous PRAM memory locations starting at the
specified starting address. After reading the program words, program execution starts from
the same address where loading started.

The Host Interface bootstrap load program can be stopped by setting the Host Flag 0
(HFO). This will start execution of the loaded program from the specified starting address.

Mode D | Boot via HDI24 Mode D boot mode uses the same operation as Mode C, except that HDI24 is set for
in HC11 mode interfacing to the HC11 microcontroller in non-multiplexed mode.

Mode E | Boot via HDI24 Mode E boot mode uses the same operation as Mode C, except that HDI24 is set for
in 8051 mode interfacing to the Intel 8051 multiplexed bus.

Mode F | Boot via HDI24 Mode F boot mode uses the same operation as Mode C, except that HDI24 is set for
in 68302 mode interfacing to the 68302 bus.

5.5 Interrupt Priority Registers

There are two PIC blocks in the DSP56720/DSP56721 device, with one PIC block for each DSP core. The
PIC has also been enhanced to support additional DMA and peripheral interrupts. Two additional registers
(IPR-C1, IPR-P1) have been added to the PIC to allow an additional 12 DMA interrupts and an additional
12 peripheral interrupts.

IPR-C is dedicated for DSP56720/DSP56721: 4 external interrupts and the first 6 DMA channels

interrupts.

IPR-P is dedicated for DSP56720/DSP56721: 12 peripheral interrupt requests.

IPR-C1 is dedicated for an additional 12 DMA channels interrupts; only 2 additional DMA
channels are used in the DSP56720/DSP56721.

IPR-P1 is dedicated for an additional 12 peripheral interrupt sources; only parts of the additional
interrupts are used in the DSP56720/DSP56721.
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The Interrupt Priority registers are shown in Figure 5-1 through Figure 5-8. The Interrupt Priority Level
bits are defined in Table 5-8 and Table 5-9. The interrupt priorities are shown in Table 5-10. The interrupt
vectors are shown in Table 5-11.

Table 5-8. Peripherals and DMA Interrupt Priority Level Bits

IPL bits Interrupt
Interrupts L.
Enabled Priority
(x)xxL1 | (x)xxLO Level
0 0 No —
1 Yes 0
1 0 Yes 1
1 Yes 2

Table 5-9. External Interrupts Priority Level Bits

IPL bits Interrupts Intgrrgpt Interrupt
Enabled Priority Trigger Mode
IxL2 IxL1 IXLO Level
0 0 0 No — Level Triggered
1 Yes 0
1 0 Yes 1
1 Yes 2
1 0 0 No — Negative Edge
] Ve o Triggered
1 0 Yes 1
1 Yes 2
11 10 9 8 7 6 5 4 3 2 1 0

|ESL11|ESL10| TAL1 |TALO | HPL1| HPLO- SHL1 | SHLO| ESL1 | ESLO|
| L

ESAI_1IPL HDI24 IPL Reserved SHI IPL ESAI IPL

TRIPLE TIMER IPL

23 22 21 20 19 18 17 16 15 14 13 12
| LIEL1 | LIELO | ICAL1 | |CALO| ICIL1 | ICILO | ASL1 |ASLO |SPTL1|SPTLO|SPRL1|SPRLO|

ICC ACK INT IPL ASRC Rx IPL SPDIF Rx IPL

EMC/ICC Error IPL ICC INT IPL SPDIF Tx IPL

Figure 5-1. Core-0 Interrupt Priority Register P
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11 10 9 8 7 6 5 4 3 2 1 0
| IDL2| IDL1| IDLO| ICL2 | ICL1 | ICLO | IBL2 | IBL1 | IBLO | IAL2 | IAL1 | IALO |

IRQD IPL ‘ IRQC IPL ‘ IRQB IPL ‘ IRQA IPL
IRQD mode IRQC mode IRQB mode IRQA mode

23 22 21 20 19 18 17 16 15 14 13 12
| D5L1 | D5L0 | D4L1 | D4LO | D3L1| D3L0| D2L1 | D2LO| DL | D1L0| DOL1 | DOL0|

DMA ch4 IPL DMA ch2 IPL DMA chO IPL
DMA ch5 IPL DMA ch3 IPL DMA ch1 IPL

Figure 5-2. Core-0 Interrupt Priority Register C

11 10 9 8 7 6 5 4 3 2 1 0
50 [ T B R
| Reserved ‘
DMA ch6 IPL
DMA ch7 IPL

23 22 21 20 19 18 17 16 15 14 12 13

’ Reserved i

Figure 5-3. Core-0 Interrupt Priority Register C1

11 10 9 8 7 6 5 4 3 2 1 0
’ Reserved ‘

23 22 21 20 19 18 17 16 15 14 12 13

STILO1 |STILOO
‘ Reserved ‘

Core-0
Always-ON
INT IPL

Figure 5-4. Core-0 Interrupt Priority Register P1
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11 10 9 8 7 6 5 4 3 2 1 0
| ESL31 | ESL30| TAL11 | TAL10|HPL1 1 |HPL1O - SHL11 | SHL10| ESL21 | ESL20|
L | L | L |
TIMER_1 IPL Reserved ESAI_2 IPL
ESAI_3 IPL HDI24_1 IPL SHI_1 IPL

23 22 21 20 19 18 17 16 15 14 13 12
| LELt| Lieco|icavt|icao| icit [ iciLo | asL1| asto [sPrLi|spLo| sPre1|sPRLo|

ICC ACKINT IPL ASRC Rx IPL SPDIF Rx IPL
EMC/ICC Error INT IPL ICC INT IPL SPDIF Tx IPL

Figure 5-5. Core-1 Interrupt Priority Register P

11 10 9 8 7 6 5 4 3 2 1 0
| IDL2| IDL1| IDLO| ICL2 | ICL1 | ICLO | IBL2 | IBL1 | IBLO | IAL2 | IAL1 | IALO |

IRQD IPL IRQC IPL IRQB IPL IRQA IPL

IRQD mode IRQC mode IRQB mode IRQA mode

23 22 21 20 19 18 17 16 15 14 13 12
| D5LA1 | D5L0 | DAL | D4L0| D3L1| D3L0| D2L1| D2L0| DALA | D1L0| DOLA | DOL0|
L | L L
DMAT1 ché IPL DMAT1 ch2 IPL DMAT1 cho IPL
DMAT ch5 IPL DMA1 ch3 IPL DMAT1 ch IPL

Figure 5-6. Core-1 Interrupt Priority Register C

11 10 9 8 7 6 5 4 3 2 1 0
5050 B ERIE ER B
. Reserved (
DMA1 ch6 IPL
DMAT1 ch7 IPL

23 22 21 20 19 18 17 16 15 14 12 13

' Reserved .

Figure 5-7. Core-1 Interrupt Priority Register C1

Core Configuration
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11 10 9 8 7 6 5 4 3 2 1 0
‘ Reserved }

23 22 21 20 19 18 17 16 15 14 12 13

\ Reserved ‘

Core-1
Always-On
INT IPL

Figure 5-8. Core-1 Interrupt Priority Register P1

Table 5-10. Interrupt Sources Priorities within an IPL

Priority Level Interrupt Source Group

Level 3 (non-maskable)
Highest RESET
Stack Error

lllegal Instruction

Debug Request Interrupt

Trap

Non-Maskable Interrupt (NMI) from External

DMA Stall Interrupt

Lowest Inter-Core Non-Maskable Interrupt (from the other core)

Level 0-2 (maskable)

Highest IRQA IRQ
IRQB
IRQC
IRQD
DMA Channel 0 DMA

DMA Channel 1

DMA Channel 2

DMA Channel 3

DMA Channel 4

DMA Channel 5

DMA Channel 6

DMA Channel 7

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 5-10. Interrupt Sources Priorities within an IPL (continued)

Priority Level

Interrupt Source

Group

Highest

ESAI/ESAI_2 Receive Data With Exception

ESAI/ESAI_2 Receive Even Data

ESAI/ESAI_2 Receive Data

ESAI/ESAI_2 Receive Last Slot

ESAI/ESAI_2 Transmit Data with Exception Status

ESAI/ESAI_2 Transmit Last Slot

ESAI/ESAI_2 Transmit Even Data

ESAI/ESAI_2 Transmit Data

ESAI/ESAI_2

SHI/SHI_1 Bus Error

SHI/SHI_1 Receive Overrun Error

SHI/SHI_1 Transmit Underrun Error

SHI/SHI_1 Receive FIFO Full

SHI/SHI_1 Transmit Data

SHI/SHI_1 Receive FIFO Not Empty

SHI/SHI_1

HDI24/HDI24_1 Host Command (Default)

HDI24/HDI24_1 Host Receive Data Full

HDI24/HDI24_1 Host Transmitter Data Empty

HDI24/HDI24_1
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Table 5-10. Interrupt Sources Priorities within an IPL (continued)

Priority Level

Interrupt Source

Group

Highest

TEC/TEC_1 Timer0 Overflow

TEC/TEC_1 TimerO Compare

TEC/TEC_1 Timer1 Overflow

TEC/TEC_1 Timer1 Compare

TEC/TEC_1 Timer2 Overflow

TEC/TEC_1 Timer2 Compare

TEC/TEC_1

ESAI_1/3 Receive Data

ESAI_1/3 Receive Even Data

ESAI_1/3 Receive Data With Exception

ESAI_1/3 Receive Last Slot

ESAI_1/3 Transmit Data

ESAI_1/3 Transmit Even Data

ESAI_1/3 Transmit Data with Exception Status

ESAI_1/3 Transmit Last Slot

ESAI_1/3

S/PDIF RecvChannelNew

S/PDIF RcvValidityBitNotSet

S/PDIF RevlllegalSymbol

S/PDIF RcvParityError

S/PDIF RxUChannelFull

S/PDIF RxUChannelOver

S/PDIF RxQChannelFull

S/PDIF RxQChannelOver

S/PDIF RxUQSyncFound

S/PDIF RxUQFrameError

S/PDIF Rx Over/Under

S/PDIF Rx Resync

S/PDIF Lock Loss

S/PDIF Rev FIFO Full

S/PDIF Lock Interrupt

S/PDIF Tx UnderOver

S/PDIF Tx Resync

S/PDIF Tx FIFO Empty

S/PDIF

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 5-10. Interrupt Sources Priorities within an IPL (continued)

Priority Level Interrupt Source Group
Highest ASRC FP Wait State Interrupt ASRC
ASRC Overload Interrupt
ASRC Data Output C Interrupt
ASRC Data Output B Interrupt
ASRC Data Output A Interrupt
ASRC Data Input C Interrupt
ASRC Data Input B Interrupt
ASRC Data Input A Interrupt
Inter-Core Maskable Interrupt Inter-Core
(from the other core)
Inter-Core Maskable Acknowledge interrupt
(from the other core)
EMC/ICC Access Error Interrupt
Lowest Always Active Interrupt
Table 5-11. Reset and Interrupt Vector Summary
Interrupt Priority
Starting Level Description Notes
Address Range
VBA: $00 3 RESET
VBA: $02 3 Stack Error
VBA: $04 3 lllegal Instruction
VBA: $06 3 Debug Request Interrupt
VBA: $08 3 Trap
VBA: $0A 3 Non-Maskable Interrupt (NMI) (external)
VBA: $0C 3 Reserved
VBA: $0E 3 DMA Stall Interrupt CIM interrupt for Core-0 and CIM_1
interrupt for Core-1
VBA: $10 0-2 IRQA Shared by both cores.
VBA: $12 0-2 |IRQB
VBA: $14 0-2 |IRQC
VBA: $16 0-2 |IRQD
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Table 5-11. Reset and Interrupt Vector Summary (continued)

Interrupt Priority
Starting Level Description Notes
Address Range
VBA: $18 0-2 DMA Channel 0 DMA Interrupts for Core-0 and DMA_1
interrupts for Core-1.

VBA: $1A 0-2 DMA Channel 1
VBA: $1C 0-2 DMA Channel 2
VBA: $1E 0-2 DMA Channel 3
VBA: $20 0-2 DMA Channel 4
VBA: $22 0-2 DMA Channel 5
VBA: $24 0-2 DMA Channel 6
VBA: $26 0-2 DMA Channel 7
VBA: $28 3 Inter-Core Non-Maskable Interrupt ICC interrupts for Core-0 and Core-1

(from the other core)
VBA: $2A 0-2 Inter-Core Maskable Interrupt

(from the other core)
VBA: $2C 0-2 Inter-Core Maskable Acknowledge Interrupt (from the

other core)
VBA: $2E 0-2 Reserved
VBA: $30 0-2 ESAI/ESAI_2 Receive Data ESAI Output interrupts to Core-0;

X ESAI_2 Output interrupts to Core-1.
VBA: $32 0-2 ESAI/ESAI_2 Receive Even Data
VBA: $34 0-2 ESAI/ESAI_2 Receive Data With Exception
VBA: $36 0-2 ESAI/ESAI_2 Receive Last Slot
VBA: $38 0-2 ESAI/ESAI_2 Transmit Data
VBA: $3A 0-2 ESAI/ESAI_2 Transmit Even Data
VBA: $3C 0-2 ESAI/ESAI_2 Transmit Data with Exception Status
VBA: $3E 0-2 ESAI/ESAI_2 Transmit Last Slot
VBA: $40 0-2 | SHI/SHI_1 Transmit SHI Output interrupts to Core-0:
X SHI_1 Output interrupts to Core-1.

VBA: $42 0-2 SHI/SHI_1 Transmit Underrun Error
VBA: $44 0-2 | SHI/SHI_1 Receive FIFO Not Empty
VBA: $46 0-2 Reserved
VBA: $48 0-2 SHI/SHI_1 Receive FIFO Full
VBA: $4A 0-2 SHI/SHI_1 Receive Overrun Error
VBA: $4C 0-2 SHI/SHI_1 Bus Error
VBA: $4E 0-2 Reserved
VBA: $50 0-2
VBA: $52 0-2
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Table 5-11. Reset and Interrupt Vector Summary (continued)

Interrupt Priority
Starting Level Description Notes
Address Range
VBA: $54 0-2 |TEC/TEC_1 Timer0 Compare TEC Output interrupts to Core-0;

- TEC_1 Output interrupts to Core-1.
VBA: $56 0-2 |TEC/TEC_1 Timer0 Overflow
VBA: $58 0-2 |TEC/TEC_1 Timer1 Compare
VBA: $5A 0-2 | TEC/TEC_1 Timer1 Overflow
VBA: $5C 0-2 |TEC/TEC_1 Timer2 Compare
VBA: $5E 0-2 | TEC/TEC_1 Timer2 Overflow
VBA: $60 0-2 |HDI24/HDI24_1 Host Receive Data Full HDI24 Output interrupts to Core-0;

- HDI24_1 Output interrupts to Core-1.
VBA: $62 0-2 HDI24/HDI24_1 Host Transmitter Data Empty
VBA: $64 0-2 |HDI24/HDI24_1 Host Command (Default)
VBA: $66 0-2 Reserved
VBA: $68 0-2
VBA: $6A 0-2
VBA: $6C 0-2
VBA: $6E 0-2
VBA: $70 0-2 ESAI_1/3 Receive Data ESAI_1 Output interrupts to Core-0;
- ESAI_3 Output interrupts to Core-1.

VBA: $72 0-2 ESAI_1/3 Receive Even Data
VBA: $74 0-2 ESAI_1/3 Receive Data With Exception
VBA: $76 0-2 ESAI_1/3 Receive Last Slot
VBA: $78 0-2 ESAI_1/3 Transmit Data
VBA: $7A 0-2 ESAI_1/3 Transmit Even Data
VBA: $7C 0-2 ESAI_1/3 Transmit Data with Exception Status
VBA: $7E 0-2 ESAI_1/3 Transmit Last Slot
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Table 5-11. Reset and Interrupt Vector Summary (continued)

Interrupt Priority
Starting Level Description Notes
Address Range
VBA: $80 0-2 | S/PDIF RcvCChannelNew S/PDIF
VBA: $82 0-2 | S/PDIF RevValidityBitNotSet
VBA: $84 0-2 | S/PDIF RevlllegalSymbol
VBA: $86 0-2 | S/PDIF RevParityError
VBA: $88 0-2 | S/PDIF RxUChannelFull
VBA: $8A 0-2 | S/PDIF RxUChannelOver
VBA: $8C 0-2 | S/PDIF RxQChannelFull
VBA: $8E 0-2 S/PDIF RxQChannelOver
VBA: $90 0-2 |S/PDIF RxUQSyncFound
VBA: $92 0-2 | S/PDIF RxUQFrameError
VBA: $94 0-2 | S/PDIF Rx Over/Under
VBA: $96 0-2 |S/PDIF Rx Resync
VBA: $98 0-2 |S/PDIF Lock Loss
VBA: $9A 0-2 | S/PDIF Rev FIFO Full
VBA: $9C 0-2 | S/PDIF Lock Interrupt
VBA: $9E 0-2 |Reserved
VBA: $A0 0-2 | S/PDIF Tx Over/Under
VBA: $A2 0-2 | S/PDIF Tx Resync
VBA: $A4 0-2 |Reserved
VBA: $A6 0-2 |Reserved
VBA: $A8 0-2 |Reserved
VBA: $AA 0-2 | S/PDIF Tx FIFO Empty
VBA: $AC 0-2 |Reserved

to
VBA: $AE
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Table 5-11. Reset and Interrupt Vector Summary (continued)

Interrupt Priority
Starting Level Description Notes
Address Range

VBA: $B0 0-2 |ASRC Data Input A Interrupt ASRC

VBA: $B2 0-2 | ASRC Data Input B Interrupt

VBA: $B4 0-2 | ASRC Data Input C Interrupt

VBA: $B6 0-2 | ASRC Data output A Interrupt

VBA: $B8 0-2 | ASRC Data output B Interrupt

VBA: $BA 0-2 | ASRC Data output C Interrupt

VBA: $BC 0-2 | ASRC Overload Interrupt

VBA: $BE 0-2 ASRC Internal FP Wait States

VBA: $CO0 0-2 Reserved
to
VBA: $FA

VBA: $FC 0-2 | Always-On Interrupt (Always active, users can mask it or
enable it by setting the corresponding Priority bits in IPRP1
bit 23 and 22.)

VBA: $FE 0-2 EMC/ICC Access Error Interrupt

5.6 DMA Request Sources

In previous DSP563xx products, 6 DMA channels were supported. In the DSP56720/DSP56721, the DMA
blocks are updated, and up to 8 DMA channels can be supported.

Additional registers for the additional two DMA channels are included in the DMA modules. In the
DSP56720/DSP56721, each DMA channel receives its own 32 request lines, allowing more flexibility in
the DMA request sources for the different channels, and potentially support for a greater number of DMA
request sources.

Each DMA channel’s Request Source bits (DRS4-DRSO bits in the DMA Control/Status registers) encode
the source of DMA requests used to trigger the DMA channels’ transfers. The DMA request sources may
be internal peripherals, or external devices requesting service through the IRQA, IRQB, IRQC and IRQD
pins.

The additional registers for the two additional DMA channels are the same as the registers for the other
DMA channels. The previous section shows the addresses of these registers. The DMA status register is
slightly different with 8 channels of DMA:

e DSTR[6]: DTD6, DMA channel 6 (the seventh channel) transfer has finished.
* DSTR[7]: DTD7, DMA channel 7 (the eighth channel) transfer has finished.

e DSTR[10:9]: DCH[2:0]; when DCH]2:0] = 6, it indicates that the active channel is DMA channel
6; when DCHJ2:0] = 7, it indicates that the active channel is DMA channel 7.
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Table 5-12 shows the DMA request sources for all of the 8 DMA channels. All of the 34 DMA request
lines are covered by two request line subsets: one line subset is for DMA channels 0—5, while the other
line subset is for DMA channels 6—7. External request lines are only supported by DMA channel 0-5.

Table 5-12. DMA Request Sources

Source Select Bits BSR[4:0] Source Select Bits BSR[4:0]
of DMA Channel 0-5 of DMA Channel 6-7

1 |External IRQA 0_0000 No support for these requests.
2 | External IRQB 0_0001

3 | External IRQC 0_0010

4 | External IRQD 0_0011

5 |Transfer Done from DMA Channel 0 0_0100 0_0100
6 | Transfer Done from DMA Channel 1 0_0101 0_0101
7 | Transfer Done from DMA Channel 2 0_0110 0_0110
8 | Transfer Done from DMA Channel 3 0_0111 0_0111
9 |Transfer Done from DMA Channel 4 0_1000 0_1000
10 | Transfer Done from DMA Channel 5 0_1001 0_1001
11 | Transfer Done from DMA Channel 6 No support for these requests. 0_0000
12 | Transfer Done from DMA Channel 7 0_0001
13 | Reserved 0_1010 0_1010
14 | ESAI/ESAI_2 receive data(RDF=1) 0_1011 0_1011
15 | ESAI/ESAI_2 transmit data(TDE=1) 0_1100 0_1100
16 | SHI HTX Empty 0_1101 0_1101
17 | SHI FIFO Not Empty 0_1110 0_1110
18 | SHI FIFO Full 0_1111 0_1111
19 |HDI24 Receive Data Full 1_0000 1_0000
20 |HDI24 Transmit Data Empty 1_0001 1_0001
21 | TIMERO 1_0010 1_0010
22 | TIMER1 1_0011 1_0011
23 |TIMER2 1_0100 1_0100
24 | ESAI_1/ESAI_3 Receive Data (RDF=1) | 1_0101 1_0101
25 |ESAI_1/ESAI_3 Transmit Data (TDE=1) | 1_0110 1_0110
26 | S/PDIF Xmt (SPDIFTXEmpty = 1) 1_0111 1_0111
27 | SPDIF Rcv (PDIR1 full = 1) 1_1000 1_1000
28 |Reserved 1_1001 1_1001
29 |ASRCRx0 1_1010 1_1010
30 |ASRC Rx 1 1_1011 1_1011
31 |ASRCRx 2 1_1100 1_1100
32 |ASRC TxO0 1_1101 1_1101
33 |ASRC Tx 1 1_1110 1_1110
34 |ASRC Tx 2 1_1111 1_1111
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5.7 Chip ID Register

For more information about the CHIP ID Register (CHIDR), see Chapter 6, “Core Integration Module
(CIM, CIM_1).”
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Chapter 6
Core Integration Module (CIM, CIM_1)

6.1 Overview

There are two Core Integration Module (CIM) modules in the DSP56720/DSP56721 devices: CIM and
CIM_1. CIM is used by DSP Core-0, while CIM_1 is used by DSP Core-1. Both CIM blocks are identical,
so only one CIM block is described in detail here.

The CIM block contains three registers: Chip ID number register, OnCE global data bus (GDB) register,
and DMA Stall register. In more detail:

* The Chip ID Register contains the chip ID number.

* The CIM includes a DMA Monitor that optionally supports a non-maskable interrupt after the
DMA has been stalled due to internal memory contention, for more than N cycles (where N can be
from 2 to 224 cycles).

* The OnCE GDB register is a 24 bit register that can be read through the JTAG port, and is used for
passing data between the chip and an external command controller.

mmmmPeripheral Bus

Chip ID Register DMA Stall Register OnCE GDB Register
(CHIDR) (DMAS) (OGDB)

Core Integration Module

Figure 6-1. Core Integration Module Block Diagram
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6.1.1 Memory Map

Table 6-1. CIM Memory Map

Offset or .
Address Register Access Reset Value
X:$FFFFF5 | Chip ID Register (CHIDR) R DSP56720 device: DSP56721 device:
0x000720 for Core-0 0x000721 for Core-0
0x010720 for Core-1 0x010721 for Core-1
X:$FFFFF8 | DMA Stall Register (DMAS) R/W 0x000000
X:$FFFFFC | OnCE Global Data Bus Register R/W 0x000000
(OGDB)
6.1.2 Register Summary
1 Bit Bit
Always reads “1” Read-only bit Write “1” to clear
wic
0 0
Always reads “0” Write-only bit Self-clearing bit
Bit Bit
How to read Table 6-2:
For each register, there are 4 rows. Bit | R/W bit N/A
The first 2 rows are for bits 23—12,
and the last 2 rows are for bits 11-0.
Figure 6-2. Legend for Table 6-2
Table 6-2. CIM Register Summary
23 22 21 20 19 18 17 16 15 14 13 12
Register
11 10 9 8 7 6 5 4 3 2 1 0
DSP56720Core-0 | R 0 0 0 0 0 0 0 0 0 0 0 0
Chip ID Register
(CHIDR) W
X:$FFFFFS5 R| 0 1 1 1 0 0 1 0 0 0 0 0
w
DSP56720Core-1 | R 0 0 0 0 0 0 0 1 0 0 0 0
Chip ID Register
(CHIDR) W
X:$FFFFFS5 R| 0 1 1 1 0 0 1 0 0 0 0 0
w
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Table 6-2. CIM Register Summary (continued)

23 22 21 20 19 18 17 16 15 14 13 12
Register
11 10 9 8 7 6 5 4 3 2 1 0
DSP56721Core-0 | R | 0 0 0 0 0 0 0 0 0 0 0 0
Chip ID Register
(CHIDR) w
X:$FFFFF5 R| O 1 1 1 0 0 1 0 0 0 0 1
w
DSP56721Core-1 | R | 0 0 0 0 0 0 0 1 0 0 0 0
Chip ID Register
(CHIDR) w
X:$FFFFF5 R| O 1 1 1 0 0 1 0 0 0 0 1
w
DMA Stall R
Register (DMAS) D23 | D22 | D21 | D20 | D19 | D18 | D17 | D16 | D15 | D14 | D13 | D12
vgrrrrrs | W
R
w| D11 | Dl | Do | D8 | D7 | D6 | D5 | D4 | D3 | D2 | DI DO
OnCE GDB R
Register (OGDB) 023 | 022 | 021 | 020 | O19 | O18 | O17 | O16 | O15 | O14 | 013 | O12
vsrrrrrc | W
R
W | Ot |omw | 09| 08 | O7 | O6 | O5 | 04 | O3 | O2 | O1 | OO

6.2 Register Descriptions

6.2.1 Chip ID Register (CHIDR)

The Chip ID Register is a 24-bit read-only register that contains the Chip ID number. There is a Chip ID
Register for each DSP core in the DSP56720.
* For the DSP56720, the Chip ID Register value is 0x000720 for Core-0 and 0x010720 for Core-1.
* For the DSP56721, the Chip ID Register value is 0x000721 for Core-0 and 0x010721 for Core-1.
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Table 6-3. Chip ID Register for DSP56720 Core-0

23 22 21 20 19 18 17 16 15 14 13 12
1 10 9 8 7 6 5 4 3 2 1
Chip ID Register | R 0 0 0 0 0 0 0 0 0 0 0 0
for DSP56720
Core-0 W
(CHIDR) R| o 1 1 1 0 0 1 0 0 0 0 0
W
Table 6-4. Chip ID Register for DSP56720 Core-1
23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1
Chip ID Register | R 0 0 0 0 0 0 0 1 0 0 0 0
for DSP56720
Core-1 W
(CHIDR) R| o 1 1 1 0 0 1 0 0 0 0 0
W
Table 6-5. Chip ID Register for DSP56721 Core-0
23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1
Chip ID Register | R 0 0 0 0 0 0 0 0 0 0 0 0
for DSP56721
Core-0 W
(CHIDR) R| o 1 1 1 0 0 1 0 0 0 0 1
W
Table 6-6. Chip ID Register for DSP56721 Core-1
23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1
Chip ID Register | R 0 0 0 0 0 0 0 1 0 0 0 0
for DSP56721
Core-1 W
(CHIDR) R| o 1 1 1 0 0 1 0 0 0 0 1
W

6.2.2 DMA Stall Register (DMAS)

The DMA Stall Register is 24-bit read/write register that defines the threshold value of DMA counter of
CIM. The DMA Stall Register and an associated interrupt (DMA Stall non-maskable interrupt) allow a
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limit to be placed on the number of cycles that the DMA is stalled, due to internal memory contention for
a single DMA memory access.

*  When the DMA Stall Register is set to zero, the DMA Stall Interrupt is disabled.

*  When the DMA Stall Register is set to a non-zero value, a stall counter will keep track of the
number of cycles the DMA is stalled due to internal memory contention for a single memory
access. If the stall counter is ever larger than the value stored in the DMA Stall Register, the DMA
Stall non-maskable Interrupt will be asserted.

* The DMA Stall Interrupt remains asserted until the internal memory contention ends (usually due
to the interrupt routine) or until the DMA Stall Register is written with zero. The stall counter clears
when the internal memory contention ends or when the DMA Stall Register is written with zero.

Table 6-7. DMA Stall Register (DMAS)

23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1 0
DMA Stall
Register D23 | D22 | D21 | D20 | D19 | D18 | D17 | D16 | D15 | D14 | D13 | D12
(DMAS)

S| S|

D11 D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO

6.2.3 OnCE Global Data Bus Register (OGDB)

The OnCE GDB Register is 24-bit read/write register that can be read through the JTAG port, and is used
for passing data between the chip and an external command controller.

Table 6-8. OnCE GDB Register (OGDB)

23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1 0
OnCE GDB
Register 023 | 022 | 021 | 020 | O19 | O18 | O17 | O16 | O15 | O14 | 013 | O12
(OGDB)

O11 010 09 08 o7 06 05 04 03 02 O1 00

S| | S|
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Chapter 7
Clock Generation Module (CGM)

71 Introduction

711 Overview of Modes

The CGM (clock generation module) generates all clocks in the DSP56720/DSP56721. The system clock
is either from an oscillator (bypass mode) or from a phase-locked loop (normal function mode). The
system clock is properly controlled and gated.

The CGM also has a low jitter PLL inside. The PLL has a wide input frequency range (2 MHz to
200 MHz), PFD comparison frequency range (2 MHz to 8 MHz) and output clock range (25 MHz to
400 MHz). The CGM also has a clock divider (2": i = 0 to 7) after the PLL for saving power.

The CGM can be controlled from either of the DSP cores via the shared peripheral bus. In the CGM, the
PLL control register (PCTL), which sits on the shared peripheral bus, can be read and written by both DSP
cores to change the device’s working frequency. Each DSP core can enter the STOP or WAIT mode for
power saving. The shared peripherals, the shared memory block, and the external memory interface (if
present), can enter power-saving mode only when both cores enter STOP mode.

NOTES

— A reset must be applied when the external oscillator frequency changes, to prevent a potential
glitch on the PLL clock.

— In the current PLL default configuration, if the oscillator clock frequency is not between
24 MHz and 24.61 MHz, the PLL must be bypassed (set PINIT_NMI = O during reset).
Otherwise, the PLL output clock is unstable because the PFD or VCO input is out of range. In
case that the external oscillator clock frequency is not between 24 MHz and 24.61 MHz, be
sure to bypass the PLL first, and then give the PLL the proper configuration by programming
the PCTL register.
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Shared Peripheral Bus

CGM
PLL Control Registers
«— > The PLL is configurable over
the Shared Peripheral bus,
which both Core-0 and
Internal PLL
Core-1 .
-Clock input division ore-1 can access
Extal » | _Frequency multiplication
-Skew elimination
lPLL Out (FOUT raw)
Low Power Divider _ The PLL output clock can be
@ i=0-7 4 ) " furtherdivided by the Low
i Power Divider for power
internal_clk saving.
Core-0 Stop or Wait mode
Core-1 Stop or Wait mode l
\ 4 A 4 vV v i A
Core-0 Core-1 Shared
Gating Cells Gating Cells Gating Cells
Related clocks can be , ,
stopped when Core-0 or i l i i
Core-1 get into a STOP or
WAIT mode. Clocks to Clocks to Clocks to blocks shared by
Core-0 Core-1 Core-0 and Core-1

Figure 7-1. CGM Function Diagram

7.1.2 Features

The CGM includes the following features:
* Allows changing the low-power divide factor (DF = 21 i =0-7) without losing lock.
* Provides glitch-free output clocks to DSP Cores and peripherals.
* Provides a wide range of system clocks.
* Performs power-saving by gating clocks for both cores and peripherals.

71.3 Modes of Operation

The CGM provides all necessary clocks to the DSP56720/DSP56721 devices. For stable operations, the
system clock is defined in Table 7-1.
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Table 7-1. System Clock Definition

System Clock?
. Other 1
Scenario PLL.PD | PLL.BP it PLL.LD | CGM Clock .
Config Core Peripheral
Cock Clock
During pinit_nmi = 1 0 1 By default 0° Fosc Fosc Fosc
Reset — -
pinit_nmi =0
After PLL Before PLL.LD 0 0 - 0 Fosc 0 0
Reset Normal 5
mode? After PLL.LD 0 0 - 1 Target Target Target
PLL Bypass mode® 0 1 - 0 Fosc Fosc Fosc
System Wait mode 0 017 - 0/1 Fosc/Target 08 Fosc/Target
System Stop mode pstp® 0/110 - 0/1 Fosc/Target 0 0
1 CGM Clock: the clocks in CGM module. It is always active for proper switching and wake-up.
2 System Clock: the clock used by all DSP56720/DSP56721 modules.
3 The PLL.LD will be low if the PLL doesn’t detect a lock condition.
4 The mode that PLL will get into after reset, normal mode or bypass mode, is decided by the PINIT_NMI pin during reset.
5 Target: the frequency (user-configured) in the PCTL register.
6 Itis the PLLs bypass mode. It is configured by either Core-0 or Core-1, over the Shared Peripheral bus.
7 Itis NOT a conflict if the PLL is in bypass mode while the system is in wait mode.
8 In wait mode, for power saving, the Core clock is stopped even though the Peripheral clock is still active.
9

Whether the PLL should be powered down or not in stop mode is decided by the PSTP bit in the PCTL register.
10 |1ts NOT a conflict if the PLL is in bypass mode while the system is in stop mode.

During assertion of a hardware reset, the value of the PINIT input pin is written into the PCTL PLL Enable
(PEN) bit. After a hardware reset is de-asserted, a write operation to PCTL will change the PEN bit
accordingly, and the PLL will then ignore the PINIT pin.

During reset, the system clock is bypassed to extal.

After reset, if PINIT = 0 then the PLL will be in bypass mode and the system clock becomes extal
immediately. Otherwise, the PLL is in normal function mode and the system will be driven by the PLL
output clock after a PLL lock time (< 0.2 ms).

For the sake of power-saving, the CGM can switch to WAIT or STOP modes whenever the DSP Cores
execute corresponding commands. The device can get out of WAIT and STOP modes if it gets the
corresponding interrupts.

71.4 External Signal Description
Table 7-2 lists the signal properties.
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Table 7-2. Signal Properties

Signal

Function 110 Reset Pull-Up
Name
PINIT | During assertion of a hardware reset, the value of the PINIT input pin is written into | Input Input Pull-Up
the PCTL PLL Enable (PEN) bit.
After a hardware reset is de-asserted, the PLL ignores the PINIT pin.
The default PCTL setting when PINIT is asserted is $2B60C2.
EXTAL | An external clock is required to drive the DSP. The external clock is input via the Input Input -

EXTAL pin, passing the clock through the PLL and clock generator for optional
frequency multiplication.

XTAL An external crystal between the values of 10 MHz and 25 MHz can be driven from | Output | Chip-Driven -
the XTAL pin. The external crystal should be connected to both the XTAL and
EXTAL pins to provide the source clock frequency.

PLL lock | On-chip system PLL lock indicator Output 0 -

7.2 Functional Description

7.21 Clocks

The CGM has two clock sources, EXTAL and TCLK. The PLL is used in processing the EXTAL clock.
The CGM outputs various clocks.

7.2.2 Reset

The CGM can only be reset by external asynchronous reset.

7.2.3 Interrupts

The CGM does not generate any interrupts.

7.2.4 Internal PLL Block

This section describes the PLL control components and its operation.
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Figure 7-2. Internal PLL Block Diagram

The PLL has a programmable output frequency (from 25 to 400 MHz), configured using a 5-bit input
divider, an 8-bit feedback divider and a 2-bit output divider. A 50% duty cycle for output clocks can be
achieved by enabling the output divider. The PLL can also be used as a clock buffer in a bypass mode,
which bypasses and powers down the PLL. A full power-down mode is also available.

7241 PLL Operating Modes

There are three PLL operating modes: normal, bypass, and power-down.

* Normal Mode: The output clock frequency is programmable using the divider setting of R[4:0],
F[7:0] and OD[1:0]. When the divider settings are changed, the PLL must enter the power-down
mode (PD = HIGH) for more than 50 ns (a PD timing requirement, see Table 7-3).

* Bypass Mode: The FIN is buffered directly to FOUT, bypassing the PLL, which is powered down.
A TRDY time (pull-in + lock time) is required for the PLL to lock when switching from Bypass
Mode to Normal Mode.

* Power-down Mode: The entire PLL cell is powered down internally, and FOUT is set to 1 V.
ATRDY time (pull-in + lock time) is required for the PLL to lock when switching from
Power-down Mode to Normal Mode.

Table 7-3. PLL Output Configurations

PD BP oD Description Fout
0 Frer* NF
0 0 ! Normal Mode Frer” NF/2
2 Frer* NF/4
3 Frer* NF/8
0 1 X Bypass Mode Fin
1 X X Power-Down Mode 1

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor 5



V¥ ¢
i

Clock Generation Module (CGM)

In Normal Mode, for the PLL to function properly, it is necessary to set suitable integer values for the
dividers (NR for the input divider, NF for the feedback divider and NO for the output divider). The divider
values are set using the digital binary inputs of R[4:0], F[7:0] and OD[1:0].

e Input Divider Value (NR):
NR=16xR4+8xR3+4xR2+2xRI1+R0O+1=R[4:0] +1

* Feedback Divider Value (NF):
NF =128 x F7+64 x F6 + 32 x F5 + 16 x F4 + 8 x F3+ 4 x F2+2 xF1 + FO+ 1 = F[7:0] + 1

« Output Divider Value (NO): NO = 2 OPI1:0]
Table 7-4. Output Divider Values

OD[1:0] 0 1 2 3

NO 1 2 4 8

7.24.2 Programming the Output Clock Frequency

The following equations describe how the output frequency is calculated.

Frer= FiIN/ NR Eqn. 7-1
Fvco = Fout x NO Eqn. 7-2
Foutr=Fin x NF/(NR x NO) Eqn. 7-3

where FREF is the comparison frequency for the PFD.
For proper operation in normal mode, the following constraints must be satisfied.

When programming the Output Clock Frequency:
2 MHz < Fref < 8 MHz
200 MHz < Fvco <400 MHz

See Table 7-9.

7.2.5 Low Power Divider

The low power divider allows the system clock to be reduced (saving power) without causing the PLL to
lose lock. The following equation describes how the system clock is calculated:

Fsys = Fout / 2PF12:0]

The change in system clock frequency takes effect on the following rising edge of the system clock after
the Divide Factor bits have updated.

7.3 Memory Map and Register Definition

7.3.1 Memory Map
Table 7-5 shows the CGM memory map.
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Table 7-5. Block Memory Map

Clock Generation Module (CGM)

Address Register Access | Reset Value Section/Page
X: $FFFF_7C(SPENA) | Shared Peripheral Clock Enable R/W 0x00_0001 section 7.3.3.1 on page 7-7
Registers.
X: $FFFF_7D (PCTL) |PLL Control Registers RW | 0x2B_60C2' | section 7.3.3.2 on page 7-8
X: $FFFF_7E(ASCDR) | ASRC Control Division Registers R/W 0x00_0022 | section 7.3.3.3 on page 7-11

' The default value of PCTL should be 0x2B_60C2 if PINIT = 1 during reset.

7.3.2 Register Summary
Table 7-6. Register Summary
23 22 21 20 19 18 17 16 15 14 13 12
Name
1 10 9 8 7 6 5 4 3 2 1 0
X: R/W
$FFFF_7C
(SPENA) | Reset
R/W ASREN
Reset 1
X: R/W PLKM | R4 | R3 R2 R1 RO | OD1 | ODO | PEN | PSTP
$FFFF_7D
(PCTL) | Reset 0 1 0 1 0 1 1 0 1 PINIT | ©
R/W DF2 | DF1 | DFO | F7 F6 F5 F4 F3 F2 Fi FO
Reset| 0 | © 0 0 1 1 0 0 0 0 1 0
X: R/W
$FFFF_7E
(ASCDR) | Reset
R/W ASDF6 | ASDF5 | ASDF4 | ASDF3 | ASDF2 | ASDF1 | ASDFO
Reset 0 1 0 0 0 1 0
7.3.3 Register Descriptions
7.3.3.1 Shared Peripheral Clock Enable Register (SPENA)

The Shared Peripheral Clock Enable register can enable or disable the clock of some shared peripherals.
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Access: Read/Write

Address 0xBASE_7C(SPENA)
Bit No. 23 22 21 20 19 18 17 16 15 14 13 12
RW| | | | | | | [ | |
Reset
BitNo. 44 10 9 8 7 6 5 4 3 2 1 0
RW| | | | | | | [ ] | ASREN
Reset 1
Figure 7-3. Shared Peripheral Clock Enable Register (SPENA)
Table 7-7. Shared Peripheral Clock Enable Register Field Description
Bit Field Description
0 ASREN | ASRC Clock Enable
0: Turn off the ASRC clock
1: Turn on the ASRC clock
7.3.3.2 PLL Control Register (PTCL)

There are PLL control and clock dividing control registers on the Shared Peripheral bus. The PLL control
register controls the PLL, and also controls the low-power divider.

Address 0xBASE_7D (PCTL) Access: Read/Write
Bit 23 22 21 20 19 18 17 16 15 14 13 12
R/W \ \ | PLKM \ R4 R3 \ R2 \ R1 | RO | ODf \ 0oDO \ PEN \ PSTP
Reset 0 0 1 0 1 0 1 1 0 1 TINIT?! 1
Bit 11 10 9 8 7 6 5 4 3 2 1 0
RW | | DF2 | DF1 | DFo F7 | F6 | F5 | F4 F8 | 2 | F1 | Fo
Reset 0 0 0 0 1 1 0 0 0 0 1 0

Figure 7-4. PLL Control Register (PCTL)

1 Reset value of PEN is 1 when TINIT is set,; reset value of PEN is 0 when TINIT is cleared.

Table 7-8. PLL Control Registers Field Description

Bit Name Description

23 - Reserved. Must be written “0” to preserve future compatibility.
22 - Reserved. Must be written “0” to preserve future compatibility.
21 PLKM PLL LOCK MUX

The PLOCK MUX (PLKM) bit is a read/write bit that controls the operation of the PLOCK/GPO pin.
When PLKM is set, the PLOCK/GPO pin operates as the PLL lock indicator (PLOCK). When the PLKM

bit is cleared, the PLOCK/GPO pin operates as the 0 bit of the GPIO port G.
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Table 7-8. PLL Control Registers Field Description (continued)

Bit Name Description
20-16 R4-R0O Input Divider
Defines the input divider’s value that is applied to the input frequency. R[4:0] can be any value from
0-31. NR = R[4:0] + 1
Fout (pll) = (Fin * NF) / (NR*NO)
15-14 | OD1-0ODO0 |Output Divider

Defines the output divider value. The output divide factor divides the VCO output frequency by a factor
of1,2,4 or 8:
OD1,0D0 = 2’b00: divide by 1 (NO = 1)
OD1,0D0 = 2'b01: divide by 2 (NO = 2)
OD1,0D0 = 2’b10: divide by 4 (NO = 4)
OD1,0D0 = 2’b11: divide by 8 (NO = 8)
Fout (pll) = (Fin * NF) / (NR*NO)

13 PEN PLL Enable
Enables PLL operation. When PEN is set, the PLL is enabled and the internal clocks are derived from
the PLL VCO output. When PEN is cleared, the PLL is disabled and the internal clocks are derived
directly from the EXTAL signal.
When the PLL is disabled, the VCO stops to minimize power consumption. The PEN bit may be set or
cleared by software at any time during the device operation.

12 PSTP PLL Stop State
Controls the PLL and on-chip crystal oscillator behavior during the Stop processing state. When PSTP
is set, the PLL remains operating while the chip is in the Stop state. When PSTP is cleared and the
device enters the Stop state, the PLL is disabled, to further reduce power consumption.
PSTP, PEN = 2’b0Ox: PLL disabled. (Only in system Stop mode.)
PSTP, PEN = 2'b10: PLL is enabled always but is in bypass mode.
PSTP, PEN = 2’b11: PLL is enabled always and is in non-bypass mode.

11 Reserved. Must be written “0” to preserve future compatibility.

10-8 DF2-DF0 | Division Factor

Define the division factor (DF) of the low-power divider. These bits specify the DF as a power of two
in the range of 20 to 27.Changing the value of the DF[2:0] bits does not cause a loss of lock condition.
Whenever possible, changes of the operating frequency of the device (for example, to enter a
low-power mode) should be made by changing the value of the DF[2:0] bits rather than by changing
the F[7:0] bits.
The operating frequency: Fsys = Fout / (2PF2:)

7-0 F7-FO Multiplication Factor

Defines the multiplication factor (MF) that is applied to the PLL input frequency. The MF can be any
integer from 0 to 255. NF = F[7:0] +1.
Fout (pll) = (Fin * NF) / (NR*NO)
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Table 7-9. PLL Programming Examples

* The line highlighted with
* The lines highlighted with

may not be 50%.

is the default PLL configuration.
are Fout >200 MHz. The duty cycle

Extal | NR | __rref NF _Fveo No | PLLOutput |y, ) setting
(MHz) | (=R+1) (=Fosc/NR) (=F+1) (=Fref*NF) (=2"0D) (=Fvco/NO) (0x)
(2~8 MHz) (200~400 MHz) (MHz2)
24576] 12 2.048 98 200.704 7 200.704 284061
24576| 12 2.048 195 399.360 2 199.680 2B60C2
24576| 12 2.048 194 397.312 2 198.656 2B60C1
24576| 12 2.048 191 391.168 2 195 584 2B60BE
24576| 12 2.048 181 370.688 2 185.344 2B60B4
24576| 12 2.048 171 350.208 2 175104 2B60AA
24576| 12 2.048 157 321536 2 160.768 2B609C
24576| 12 2.048 180 368.640 2 184.320 2B60B3
24576| 12 2.048 147 301.056 2 150.528 286092
24576| 12 2.048 98 200.704 8 25.088 2BE061
24576| 4 6.144 65 399.360 2 199.680 236040
24576| 4 6.144 33 202.752 1 202.752 234020
12288 6 2.048 98 200.704 7 200.704 254061
12288 6 2.048 195 399.360 2 199.680 2560C2
12.288| 6 2.048 194 397.312 2 198.656 2560C1
12288 6 2.048 185 378.880 2 189.440 256088
12288 6 2.048 176 360.448 2 180.224 2560AF
12288 2 6.144 64 393216 2 196.608 21603F
12288 2 6.144 33 202.752 7 202.752 214020
11290 5 5058 89 200.955 7 200.955 244059
11290| 5 2058 177 399.652 2 199.826 246080
11290| 5 2.058 176 397.394 2 198.697 2460AF
11290 2 5.645 70 395.136 2 197.568 216045
11290 2 5.645 69 389.491 2 194.746 216044
11290 2 5.645 36 203213 7 203213 214023
11290 2 5.645 37 208.858 1 208.858 214024
NOTE:

* The lines highlighted with Blue are the recommended PLL settings for
each Extal frequency.
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Clock Generation Module (CGM)

7.3.3.3 ASRC Clock Dividing Control Register (ASCDR)

The clock dividing control register instructs the CGM to generate the corresponding divided clocks to the
ASRC module.

Table 7-10. ASRC Clock Dividing Control Register (ASCDR)

Address 0xBASE_7E(ASCDR) Access: Read/Write
Bit 23 22 21 20 19 18 17 16 15 14 13 12
R/W
Reset
Bit 11 10 9 8 7 6 5 4 3 2 1 0
R/W ASDF6 | ASDF5 | ASDF4 |ASDF3|ASDF2| ASDF1 | ASDFO
Reset 0 1 0 0 0 1 0
Table 7-11. ASRC Control Division Registers Field Description
Bits Field Description

6—0 | ASDF6—ASDFO | ASRC Divider Factor
Defines the division factor of asrc_divider. This divided clock is used in the ASRC module as an enable.
The reset value of ASDF is calculated as 199.68/5.644 — 1 = 34.
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Chapter 8
General Pur

8.1 Introdu

pose Input/Output (GPIO)

ction

The DSP56720/DSP56721 provides up to 79 bidirectional signals that can be configured as GPIO function
signals or as peripheral function signals. All of these signals (except PGO, PG5, PG6, PG7, PGS, PH4, and
PH4_1) are GPIO by default after reset. The techniques for register programming for all GPIO

functionality is similar between these interfaces. This section describes how signals may be used as GPIO.

8.2 Programming Model

The signals description section of this manual describes the special uses of these signals in detail. There
are ten groups of these signals, which can be controlled separately or as groups. See Table 8-1.

Table 8-1. GPIO Pins Summary Table

Available Pins in Different
Packages
GPIO Group Function-Shared Pins DSI;572 DSP56721
144-Pin | 144-Pin 80-Pin
1 |PortC Shared with ESAI signals 10 12 10
2 |PortH Shared with SHI signals 1 1 1
3 |PortE Shared with ESAI_1 signals 4 10 4
4 | Timer GPIO Shared with timer event counter (TEC) signals 0 1 0
5 |PortG Shared with HDI24/HDI24_1 signals 0 16 0
Shared with S/PDIF/HDI24 signals, PLOCK, External IRQs, and 7 15 5
some dedicated GPIO Port G signals.
6 |PortC1 Shared with ESAI_2 signals 4 10 4
7 |PortH1 Shared with SHI_1 signals 0 1 0
8 |Port E1 Shared with ESAI_3 signals 10 12 9
9 |Timer_1 GPIO |Shared with timer event counter (TEC_1) signals 0 1 0
10 |Port A Shared with EMC signals 27 0 0
Total GPIO Pin Number 65 79 33
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8.2.1 Port C, Port E, Port C1, Port E1 Signals and Registers

Each of the 12 port signals that are not used as ESAI, ESAI_1, ESAI_2, or ESAI_3 signals can be
configured individually as a GPIO signal. The GPIO functionality of the port signals is controlled by three
registers, described in Chapter 9, “Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)".

Port C—ESAI Signal

* Port C control register (PCRC)
* Port C direction register (PRRC)
* Port C data register (PDRC)

Port E—ESAI_1 Signal

* Port E control register (PCRE)
* Port E direction register (PRRE)
* Port E data register (PDRE)

Port C1—ESAI_2 Signal

* Port C1 control register (PCRC1)
* Port C1 direction register (PRRC1)
e Port C1 data register (PDRCI)

Port E1—ESAI_3 Signal

* Port E control register (PCRE1)
* Port E direction register (PRREI)
* Port E data register (PDRE1)

8.2.2 Port H Signals and Registers
The SHI’s HREQ can be configured as a GPIO signal. The GPIO functionality of Port H is controlled by
three registers:

* Port H control register (PCRH)

* Port H direction register (PRRH)

* Port H data register (PDRH)

8.2.2.1 Port H Control Register (PCRH)

The read/write Port H Control Register (PCRH) and the Port H Direction Register (PRRH) together control
the functionality of the dedicated GPIO pin. Each PH bit controls the functionality of the corresponding
port pin. For the port-pin configuration, see Table 8-2. Hardware and software reset sets all PCRH bits.
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8.2.2.2 Port H Direction Register (PRRH)

The read/write Port H Direction Register (PRRH) and the Port H Control Register (PCRH) together control
the functionality of the dedicated GPIO pins. For the port-pin configuration, see Table 8-2. Hardware and
software reset sets all PRRH bits.

Table 8-2. PCRH and PRRH Bits Functionality

General Purpose Input/Output (GPIO)

PDHJi] PHIi] Port Pin[i] Function
0 0 Disconnected
0 1 GPIO input
1 0 GPIO output
1 1 Respective Functionality (SHI HREQ)

Table 8-3. PORT H Registers Summary

23 22 21 20 19 18 17 16 15 14 13 12
Register
11 10 9 8 7 6 5 4 3 2 1 0
R/W ETH ETO1 ERI ERO1 ETIO ETOO | ERIO | EROO
PDRH
Reset 0 0 0 0 0 0 0 0
X:FFFF98 R/W PD4
Reset 0
R/W
PRRH
Reset
X:FFFF99 R/W PDH4
Reset 1
R/W
PCRH
Reset
X:FFFF9A R/W PH4

Reset

8.2.2.3 Port H Data Register (PDRH)

The read/write Port H Data Register is used to read/write data to/from the dedicated GPIO pins. Bits

PD(4:0) are used to read or write data from/to the corresponding port pins (if they are configured as GPIO).

* If a port pin [i] is configured as a GPIO input, then the corresponding PD[i] bit reflects the value

present on this pin.

e [Ifaportpin [i] is configured as a GPIO output, then the value written into the corresponding PD[i]
bit is reflected on this pin.

» Ifaportpin [i] is configured as disconnected, then the corresponding PD[i] bit does not reflect the
value present on this pin.
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8.2.2.4 EXTAL Clocking Control for ESAI and ESAI_1

The ESAI/EXTAL clock bits optionally direct the EXTAL clock to the ESAI clocking chain for generating
the corresponding high frequency clock, bit clock and frame sync clock. There are 8 ESAI/EXTAL clock
control bits as described in Table 8-4. These 8 ESAI/EXTAL clock control bits are cleared upon reset.

Table 8-4. ESAI/EXTAL Clock Control Bits

ESAI/ EXTAL
Clock Control Description
Bit
ETH When the ETI1 bit is set, the EXTAL clock can be used to generate the ESAI_1 transmitter clocks:

HCKT_1, SCKT_1 and FST_1.
When the ETI1 bit is cleared, the Fosc clock can be used to generate the ESAI_1 transmitter clocks:
HCKT_1, SCKT_1 and FST_1.

ETO1 When the ETO1 bit is set, the EXTAL clock is directed to the HCKT_1 pin.
When the ETO1 bit is cleared, the EXTAL clock is not directed to the HCKT_1 pin.

ERI1 When the ERI1 bit is set, the EXTAL clock can be used to generate the ESAI_1 receiver clocks:
HCKR_1, SCKR_1 and FSR_1.

When the ERI1 bit is cleared, the Fosc clock can be used to generate the ESAI_1 transmitter clocks:
HCKR_1, SCKR_1 and FSR_1.

ERO1 When the ERO1 bit is set, the EXTAL clock is directed to the HCKR_1 pin.
When the ERO1 bit is cleared, the EXTAL clock is not directed to the HCKR_1 pin.

ETIO When the ETIO bit is set, the EXTAL clock can be used to generate the ESAI transmitter clocks:
HCKT, SCKT and FST.

When the ETIO bit is cleared, the Fosc clock can be used to generate the ESAI transmitter clocks:
HCKT, SCKT and FST.

ETOO When the ETOO bit is set, the EXTAL clock is directed to the HCKT pin.
When the ETOO bit is cleared, the EXTAL clock is not directed to the HCKT pin.

ERIO When the ERIO bit is set, the EXTAL clock can be used to generate the ESAI receiver clocks:
HCKR, SCKR and FSR.

When the ERIO bit is cleared, the Fosc clock can be used to generate the ESAI transmitter clocks:
HCKR, SCKR and FSR.

EROO When the EROO bit is set, the EXTAL clock is directed to the HCKR pin.
When the EROQ bit is cleared, the EXTAL clock is not directed to the HCKR pin.

8.2.3 Port H1 Signals and Registers
The SHI_1’s HREQ can be configured as a GPIO signal. The GPIO functionality of Port H1 is controlled
by three registers:

* Port H1 control register (PCRHI)

* Port H direction register (PRRH1)

* Port H data register (PDRH1)
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General Purpose Input/Output (GPIO)

8.2.3.1 Port H1 Control Register (PCRH1)

The read/write Port H1 Control Register (PCRH1) and the Port H Direction Register (PRRH1) together
control the functionality of the dedicated GPIO pin. For the port-pin configuration, see Table 8-5.
Hardware and software reset sets all PCRH1 bits.

8.2.3.2 Port H1 Direction Register (PRRH1)

The read/write Port H1 Direction Register (PRRH1) and the Port HI Control Register (PCRH1) together
control the functionality of the dedicated GPIO pins. For the port-pin configuration, see Table 8-5.
Hardware and software reset sets all PRRH1 bits.

Table 8-5. PCRH1 and PRRH1 Bits Functionality

PDHA1[i] PH1[i] Port Pin[i] Function
0 0 Disconnected
0 1 GPIO input
1 0 GPIO output
1 1 Respective Functionality (SHI_1’s HREQ)

Table 8-6. PORT H1 Registers Summary

. 23 22 21 20 19 18 17 16 15 14 13 12
Register
11 10 9 8 7 6 5 4 3 2 1 0
R/W ETIH_1 | ETO1_1 | ERI1_1 | ERO1_1 | ETIO_1 | ETOO0_1 | ERIO_1 EROO0_1
PDRH_1
Reset 0 0 0 0 0 0 0 0
X:FFFF98 R/W PD4_1
Reset 0
R/W
PRRH_1
Reset 0
X:FFFF99 R/W PDH4_1
Reset 1
R/W
PCRH_1
Reset
X:FFFF9A R/W PH4_1
Reset 1
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8.2.3.3 Port H1 Data Register (PDRH1)

The read/write Port H1 Data Register is used to read/write data to/from the dedicated GPIO pins. Bits
PD1(4:0) are used to read/write data from/to the corresponding port pins if they are configured as GPIO.

* Ifaport pin [i] is configured as a GPIO input, then the corresponding PD1[i] bit reflects the value
present on this pin.

» [Ifaportpin [i] is configured as a GPIO output, then the value written into the corresponding PD[i]
bit is reflected on this pin.

» If aport pin [i] is configured as disconnected, then the corresponding PD[i] bit does not reflect the
value present on this pin.

8.2.3.4 EXTAL Clocking Control for ESAI_2 and ESAI_3

ESAI/EXTAL clock bits optionally direct the EXTAL clock to the ESAI clocking chain to generate the
corresponding high frequency clock, bit clock, and framesync clock. There are 8 ESAI/EXTAL clock
control bits as described in Table 8-7. These 8 ESAI/EXTAL clock control bits are cleared upon reset.

Table 8-7. ESAI/EXTAL Clock Control Bit

ESAI/ EXTAL

Clock Control Bit Description

ETI3_1 When the ETI3_1 bit is set, the EXTAL clock can be used to generate the ESAI_3
transmitter clocks: HCKT_3, SCKT_3 and FST_3.

When the ETI3_1 bit is cleared, the Fosc clock can be used to generate the ESAI_3
transmitter clocks: HCKT_3, SCKT_3 and FST_3.

ETO3_1 When the ETO3_1 bit is set, the EXTAL clock is directed to the HCKT_3 pin.
When the ETO3_1 bit is cleared, the EXTAL clock is not directed to the HCKT_3 pin.

ERI3_1 When the ERI3_1 bit is set, the EXTAL clock can be used to generate the ESAI_3
receiver clocks: HCKR_3, SCKR_3 and FSR_3.

When the ERI3_1 bit is cleared, the Fosc clock can be used to generate the ESAI_3
transmitter clocks: HCKR_3, SCKR_3 and FSR_3.

EROS3_1 When the EROS3_1 bit is set, the EXTAL clock is directed to the HCKR_3 pin.
When the ERO3_1 bit is cleared, the EXTAL clock is not directed to the HCKR_3 pin.

ETI2_1 When the ETI2_1 bit is set, the EXTAL clock can be used to generate the ESAI_2
transmitter clocks: HCKT_2, SCKT_2 and FST_2.

When the ETI2_1 bit is cleared, the Fosc clock can be used to generate the ESAI_2
transmitter clocks: HCKT_2, SCKT_2 and FST_2.

ETO2_1 When the ETO2_1 bit is set, the EXTAL clock is directed to the HCKT_2 pin.
When the ETO2_1 bit is cleared, the EXTAL clock is not directed to the HCKT_2 pin.

ERI2_1 When the ERI2_1 bit is set, the EXTAL clock can be used to generate the ESAI_2
receiver clocks: HCKR_2, SCKR_2 and FSR_2.

When the ERI2_1 bit is cleared, the Fosc clock can be used to generate the ESAI_2
transmitter clocks: HCKR_2, SCKR_2 and FSR_2.

ERO2_1 When the ERO2_1 bit is set, the EXTAL clock is directed to the HCKR_2 pin.
When the ERO2_1 bit is cleared, the EXTAL clock is not directed to the HCKR_2 pin.
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8.24 Port A Signals and Registers
Some of the EMC pins can also be configured individually as a GPIO PORT A signal. The GPIO
functionality of Port A is controlled by six (6) registers:

* Port A control register (PCRA)

* Port A direction register (PRRA)

* Port A data register (PDRA)

* Port A control register] (PCRAT)

* Port A direction register] (PRRA1)

* Port A data register] (PDRA1)

These registers are described in Table 8-8.

Table 8-8. GPIO Port A Registers Summary

. 23 22 21 20 19 18 17 16 15 14 13 12
Register

1 10 9 8 7 6 5 4 3 2 1 0

R/w | PD23 | PD22 | PD21 | PD20 | PD19 | PD18 | PD17 | PD16 | PD15 | PD14 | PD13 | PD12

PDRA
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Y:FFFFFO | r/w | PD11 | PD10 | PD9 | PD8 | PD7 | PD6 | PD5 | PD4 | PD3 | PD2 | PD1 | PDO

Reset 0 0 0 0 0 0 0 0 0 0 0 0

R/W | PDA23 | PDA22 | PDA21 | PDA20 | PDA19 | PDA18 | PDA17 | PDA16 | PDA15 | PDA14 | PDA13 | PDA12

PRRA
Reset| 0 0 0 0 0 0 0 0 0 0 0 0

Y:FFFFF1 | R/w | PDA11 | PDA10 | PDA9 | PDAS | PDA7 | PDA6 | PDA5 | PDA4 | PDA3 | PDA2 | PDA1 | PDAO

Reset 0 0 0 0 0 0 0 0 0 0 0 0

R/W | PA23 | PA22 | PA21 PA20 | PA19 | PA18 | PA17 | PA16 | PA15 | PA14 | PA13 | PA12

PCRA
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Y:FFFFF2 | R/w | PA11 | PA10 | PA9 | PA8 | PA7 | PA6 | PA5 | PA4 | PA3 | PA2 | PA1 | PAO

Reset| O 0 0 0 0 0 0 0 0 0 0 0
R/W
PDRA1
Reset| O 0 0 0 0 0 0 0 0 0 0 0
Y:FFFFF4 | gw PD26 | PD25 | PD24
Reset| 0 0 0 0 0 0 0 0 0 0 0 0
R/W
PRRA1
Reset| O 0 0 0 0 0 0 0 0 0 0 0
Y:FFFFFS | pw PDA26 | PDA25 | PDA24
Reset| O 0 0 0 0 0 0 0 0 0 0 0
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Table 8-8. GPIO Port A Registers Summary (continued)

R 23 22 21 20 19 18 17 16 15 14 13 12
Register
11 10 9 8 7 6 5 4 3 2 1 0
R/W
PCRA1
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Y:FFFFF6 | pw PA26 | PA25 | PA24

Reset 0 0 0 0 0 0 0 0 0 0 0 0

8.2.4.1 Port A Control Registers (PCRA, PCRA1)

The read/write 24-bit Port A Control Registers (PCRA, PCRA1) and the Port A Direction Registers
(PRRA, PRRA1) together control the functionality of the Port A GPIO pins. Each of the PA[47:0] bits
controls the functionality of the corresponding port pin. For the port-pin configuration, see Table 8-9.

8.2.4.2 Port A Direction Register (PRRA, PRRA1)

The read/write 24-bit Port A Direction Registers (PRRA, PRRA1) and the Port A Control Register (PCRA,
PCRAU1) together control the functionality of the dedicated GPIO pins. For the port-pin configuration, see
Table 8-9.

Table 8-9. PCRA/A1 and PRRA/A1 Bits

PDA[i] PA[i] Port Pin[i] Function
0 0 Disconnected
0 1 GPIO input
1 0 GPIO output
1 1 EMC Function

8.2.4.3 Port A Data Register (PDRA, PDRA1)

The read/write 24-bit Port A Data Registers (PDRA, PDRA1) are used to read/write data from/to the
dedicated GPIO pins. Bits PD(47:0) are used to read/write data from/to the corresponding port pins if they
are configured as GPIO.
e If aport pin [i] is configured as a GPIO input, then the corresponding PD[i] bit reflects the value
present on this pin.
» [faportpin [i] is configured as a GPIO output, then the value written into the corresponding PD[i]
bit is reflected on this pin.
e If aport pin [i] is configured as disconnected, then the corresponding PD[i] bit does not reflect the
value present on this pin.
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8.2.5 Port G Signals and Registers

The 35 GPIO port G pins are function multiplexed with PLOCK, External Maskable Interrupts (IRQs),
S/PDIF pins, and some of the dedicated GPIO port G pins. The GPIO functionality of Port G is controlled
by six (6) registers: Port G control register (PCRG), Port G direction register (PRRG), Port G data register
(PDRG), Port G control register 1(PCRG1), Port G direction register I(PRRG1), Port G data register
1(PDRG1).

Table 8-10. GPIO Port G Registers Summary

. 23 22 21 20 19 18 17 16 15 14 13 12
Register
11 10 9 8 7 6 5 4 3 2 1 0
R/W PD21 | PD20 | PD19 | PD18 PD15 | PD14 | PD13 | PD12
PDRG
Reset| 0 0 0 0 0 0 0 0 0 0 0 0
Y:FFFFF8 | Rw | PD11 | PD10 | PD9 | PD8 | PD7 | PD6 | PD5 PD3 | PD2 | PD1 | PDO
Reset| 0 0 0 0 0 0 0 0 0 0 0 0
R/W PDG21 | PDG20 | PDG19 | PDG18 PDG15 | PDG14 | PDG13 | PDG12
PRRG
Reset| 0 0 0 0 0 0 0 0 0 0 0 0
Y:FFFFF9 | R/w | PDG11 | PDG10 | PDGY | PDG8 | PDG7 | PDG6 | PDG5 PDG3 | PDG2 | PDG1 | PDGO
Reset| 0 0 0 1 1 1 1 0 0 0 0 1
R/W PG21 | PG20 | PG19 | PG18 PG15 | PG14 | PG13 | PG12
PCRG
Reset| 0 0 0 0 0 0 0 0 0 0 0 0
Y:FFFFFA | Rw | PG11 | PG10 | PG9 | PG8 | PG7 | PG6 | PG5 PG3 | PG2 | PG1 | PGO
Reset| 0 0 0 1 1 1 1 0 0 0 0 1
R/W PD39 | PD38 | PD37 | PD36
PDRG1
Reset| 0 0 0 0 0 0 0 0 0 0 0 0

Y:FFFFFC | R\ | PD35 | PD34 | PD33 | PD32 | PD31 | PD30 | PD29 | PD28 | PD27 | PD26 | PD25 | PD24

Reset| 0 0 0 0 0 0 0 0 0 0 0 0
R/W PDG39 | PDG38 | PDG37 | PDG36
PRRG1
Reset| 0 0 0 0 0 0 0 0 0 0 0 0

Y:FFFFFD | R/w | PDG35 | PDG34 | PDG33 | PDG32 | PDG31 | PDG30 | PDG29 | PDG28 | PDG27 | PDG26 | PDG25 | PDG24

Reset 0 0 0 0 0 0 0 0 0 0 0 0
R/W PG39 | PG38 | PG37 | PG36
PCRG1
Res 0 0 0 0 0 0 0 0 0 0 0 0

Y:FFFFFE | p/w | PG35 | PG34 | PG33 | PG32 | PG31 | PG30 | PG29 | PG28 | PG27 | PG26 | PG25 | PG24

Res 0 0 0 0 0 0 0 0 0 0 0 0
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8.2.5.1 Port G Control Registers (PCRG, PCRG1)

The read/write 24-bit Port G Control Registers (PCRG, PCRG1) and the Port G Direction Registers
(PRRG, PRRG1) together control the functionality of the Port G GPIO pins. Each of the PG[39:0] bits
controls the functionality of the corresponding port pin. For the port-pin configuration, see Table 8-11.

External Interrupt pins and the PLL lock output will act as non-GPIO functions after reset; so
corresponding bits of PRRG and PCRG will be set to “1” after reset.

8.2.5.2 Port G Direction Register (PRRG, PRRG1)

The read/write 24-bit Port G Direction Registers (PRRG, PRRG1) and the Port G Control Register (PCRG,
PCRG1) together control the functionality of the dedicated GPIO pins. For the port-pin configuration, see
Table 8-9.

External Interrupt pins and the PLL lock output will act as non-GPIO functions after reset; so
corresponding bits of PRRG and PCRG will be set to “1” after reset.

Table 8-11. PCRG and PRRG Bits Functionality

PDGIi] PG[i] Port Pin[i] Function
0 0 Disconnected
0 1 GPIO input
1 0 GPIO output
1 1 S/PDIF, HDI24,... function

8.2.5.3 Port G Data Register (PDRG, PDRG1)

The read/write 24-bit Port G Data Registers (PDRG, PDRG1) are used to read/write data from/to the
dedicated GPIO pins. Bits PD[39:0] are used to read/write data from/to the corresponding port pins if they
are configured as GPIO.
* [Ifaport pin [i] is configured as a GPIO input, then the corresponding PD[1] bit reflects the value
present on this pin.
» [faportpin [i] is configured as a GPIO output, then the value written into the corresponding PD[i]
bit is reflected on this pin.
» If aport pin [i] is configured as disconnected, then the corresponding PD[i] bit does not reflect the
value present on this pin.

8.2.6 Timer Event Counter Signals

There are two identical Timer Event Counter (TEC) blocks (TEC, TEC_1), one timer block for each DSP
core. When not used as timer signals, the two sets of timer event counter signals (TIO0, TIO1, TIO2,
TIOO_1, TIO1_1, TIO2_1) can be configured as GPIO signals. The timer event counter signals are
controlled by the appropriate timer control status register (TCSR), which is described in Chapter 11,
“Triple Timer Module (TEC, TEC_1).”
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Chapter 9
Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2,
ESAIL_3)

The Enhanced Serial Audio Interface (ESAI) provides a full-duplex serial port for serial communication
with a variety of serial devices, including industry-standard codecs, S/PDIF transceivers, and other DSPs.
The ESAI consists of independent transmitter and receiver sections, each section with its own clock
generator. It is a superset of the 56300 Family ESSI peripheral and of the 56000 Family SAI peripheral.

NOTE

The DSP56720/DSP56721 has four ESAI modules: ESAI, ESAI_1,
ESAI_2, and ESAI_3. ESAI and ESAI_1 are used by DSP Core-0; ESAI_2
and ESAI_3 are used by DSP Core-1. The only difference between ESAI
and ESAI_2 is that ESAI/ESAI_1 is used by DSP Core-0 and that
ESAI_2/ESAI_3 is used by Core-1. There are no other differences. This
chapter describes the ESAI module.

The ESAI block diagram is shown in Figure 9-1. The ESAI is called synchronous because all serial
transfers are synchronized to a clock. Additional synchronization signals are used to delineate the word
frames. The normal mode of operation is used to transfer data at a periodic rate, one word per period. The
network mode is similar in that it is also intended for periodic transfers; however, it supports up to

32 words (time slots) per period. This mode can be used to build time division multiplexed (TDM)
networks. In contrast, the on-demand mode is intended for non-periodic transfers of data and to transfer
data serially at high speed when the data becomes available.
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Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)
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Figure 9-1. ESAI Block Diagram
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Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

9.1 ESAI Data and Control Pins

Three to twelve pins are required for operation, depending on the operating mode selected and the number
of transmitters and receivers enabled. The SDOO and SDO1 pins are used by transmitters 0 and 1 only. The
SDO2/SDI3, SDO3/SDI2, SDO4/SDI1 and SDO5/SDIO pins are shared by transmitters 2 to 5 with
receivers 0 to 3. The actual mode of operation is selected under software control. All transmitters operate
fully synchronized under control of the same transmitter clock signals. All receivers operate fully
synchronized under control of the same receiver clock signals.

9.1.1 Serial Transmit 0 Data Pin (SDOO0)

SDQO is used for transmitting data from the TXO serial transmit shift register. SDOO is an output when
data is being transmitted from the TXO shift register. In the on-demand mode with an internally generated
bit clock, the SDOO pin becomes high impedance for a full clock period after the last data bit has been
transmitted, assuming another data word does not follow immediately. If a data word follows immediately,
there is no high-impedance interval.

SDOO0 may be programmed as a general-purpose I/O pin (PC11) when the ESAI SDOO function is not
being used.

9.1.2 Serial Transmit 1 Data Pin (SDO1)

SDOL1 is used for transmitting data from the TX1 serial transmit shift register. SDOI1 is an output when
data is being transmitted from the TX1 shift register. In the on-demand mode with an internally generated
bit clock, the SDO1 pin becomes high impedance for a full clock period after the last data bit has been
transmitted, assuming another data word does not follow immediately. If a data word follows immediately,
there is no high-impedance interval.

SDO1 may be programmed as a general-purpose I/O pin (PC10) when the ESAI SDO1 function is not
being used.

9.1.3 Serial Transmit 2/Receive 3 Data Pin (SDO2/SDI3)

SDO2/SDI3 is used as the SDO2 for transmitting data from the TX2 serial transmit shift register when
programmed as a transmitter pin, or as the SDI3 signal for receiving serial data to the RX3 serial receive
shift register when programmed as a receiver pin. SDO2/SDI3 is an input when data is being received by
the RX3 shift register. SDO2/SDI3 is an output when data is being transmitted from the TX2 shift register.
In the on-demand mode with an internally generated bit clock, the SDO2/SDI3 pin becomes high
impedance for a full clock period after the last data bit has been transmitted, assuming another data word
does not follow immediately. If a data word follows immediately, there is no high-impedance interval.

SDO2/SDI3 may be programmed as a general-purpose 1I/0 pin (PC9) when the ESAI SDO2 and SDI3
functions are not being used.
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Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

9.14 Serial Transmit 3/Receive 2 Data Pin (SDO3/SDI2)

SDO3/SDI2 is used as the SDO3 signal for transmitting data from the TX3 serial transmit shift register
when programmed as a transmitter pin, or as the SDI2 signal for receiving serial data to the RX?2 serial
receive shift register when programmed as a receiver pin. SDO3/SDI2 is an input when data is being
received by the RX2 shift register. SDO3/SDI2 is an output when data is being transmitted from the TX3
shift register. In the on-demand mode with an internally generated bit clock, the SDO3/SDI2 pin becomes
high impedance for a full clock period after the last data bit has been transmitted, assuming another data
word does not follow immediately. If a data word follows immediately, there is no high-impedance
interval.

SDO3/SDI2 may be programmed as a general-purpose I/0O pin (PC8) when the ESAI SDO3 and SDI2
functions are not being used.

9.1.5 Serial Transmit 4/Receive 1 Data Pin (SDO4/SDI1)

SDO4/SDI1 is used as the SDO4 signal for transmitting data from the TX4 serial transmit shift register
when programmed as transmitter pin, or as the SDI1 signal for receiving serial data to the RX1 serial
receive shift register when programmed as a receiver pin. SDO4/SDI1 is an input when data is being
received by the RX1 shift register. SDO4/SDII1 is an output when data is being transmitted from the TX4
shift register. In the on-demand mode with an internally generated bit clock, the SDO4/SDI1 pin becomes
high impedance for a full clock period after the last data bit has been transmitted, assuming another data
word does not follow immediately. If a data word follows immediately, there is no high-impedance
interval.

SDO4/SDI1 may be programmed as a general-purpose 1/0 pin (PC7) when the ESAI SDO4 and SDI1
functions are not being used.

9.1.6 Serial Transmit 5/Receive 0 Data Pin (SDO5/SDIO0)

SDO5/SDIO is used as the SDOS5 signal for transmitting data from the TXS serial transmit shift register
when programmed as transmitter pin, or as the SDIO signal for receiving serial data to the RXO serial shift
register when programmed as a receiver pin. SDOS5/SDIO is an input when data is being received by the
RXO shift register. SDO5/SDIO is an output when data is being transmitted from the TXS5 shift register. In
the on-demand mode with an internally generated bit clock, the SDO5/SDIO pin becomes high impedance
for a full clock period after the last data bit has been transmitted, assuming another data word does not
follow immediately. If a data word follows immediately, there is no high-impedance interval.

SDO5/SDIO may be programmed as a general-purpose 1/0 pin (PC6) when the ESAI SDOS5 and SDIO
functions are not being used
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Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

9.1.7 Receiver Serial Clock (SCKR)

SCKR is a bidirectional pin providing the receivers serial bit clock for the ESAI interface. The direction
of this pin is determined by the RCKD bit in the RCCR register. The SCKR operates as a clock input or
output used by all the enabled receivers in the asynchronous mode (SYN=0), or as serial flag O pin in the
synchronous mode (SYN=1).

When this pin is configured as serial flag pin, its direction is determined by the RCKD bit in the RCCR
register. When configured as the output flag OFO, this pin reflects the value of the OFO0 bit in the SAICR
register, and the data in the OFO bit shows up at the pin synchronized to the frame sync being used by the
transmitter and receiver sections. When this pin is configured as the input flag IF0, the data value at the
pin is stored in the IFO0 bit in the SAISR register, synchronized by the frame sync in normal mode or the
slot in network mode.

SCKR may be programmed as a general-purpose I/O pin (PC0O) when the ESAI SCKR function is not being
used.

NOTE

Although the external ESAI serial clock can be independent of and
asynchronous to the DSP system clock, the DSP clock frequency must be at
least four times the external ESAI serial clock frequency and each ESAI
serial clock phase must exceed the minimum of two DSP clock periods.

For SCKR pin mode definitions, see Table 9-7.

Table 9-1 provides a list of asynchronous-mode receiver clock sources. For more information about
EXTAL/ESAIO/2 clocking control bits (ERIO,EROO), see Chapter 8, “General Purpose Input/Output
(GPIO).”

Table 9-1. Receiver Clock Sources (Asynchronous Mode Only)

Receiver
RHCKD RFSD RCKD ERIO EROO Bit Clock OUTPUTS
Source
0 0 0 N/A N/A SCKR - - -
0 0 1 N/A N/A HCKR - - SCKR
0 1 0 N/A N/A SCKR - FSR -
0 1 1 N/A N/A HCKR - FSR SCKR
1 0 0 0 0 SCKR HCKR - -
1 0 0 0 1 SCKR HCKR - -
1 0 0 1 0 SCKR HCKR - -
1 0 0 1 1 SCKR HCKR - -
1 0 1 0 0 Fsys HCKR - SCKR
1 0 1 0 1 Fsys HCKR - SCKR
1 0 1 1 0 EXTAL HCKR - SCKR
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Table 9-1. Receiver Clock Sources (Asynchronous Mode Only) (continued)

Receiver
RHCKD RFSD RCKD ERIO EROO Bit Clock OUTPUTS
Source
1 0 1 1 1 EXTAL HCKR - SCKR
1 1 0 0 0 SCKR HCKR FSR -
1 1 0 0 1 SCKR HCKR FSR -
1 1 0 1 0 SCKR HCKR FSR -
1 1 0 1 1 SCKR HCKR FSR -
1 1 1 0 0 Fsys HCKR FSR SCKR
1 1 1 0 1 Fsys HCKR FSR SCKR
1 1 1 1 0 EXTAL HCKR FSR SCKR
1 1 1 1 1 EXTAL HCKR FSR SCKR

9.1.8 Transmitter Serial Clock (SCKT)

SCKT is a bidirectional pin providing the transmitters serial bit clock for the ESAI interface. The direction
of this pin is determined by the TCKD bit in the TCCR register. The SCKT is a clock input or output used
by all the enabled transmitters in the asynchronous mode (SYN=0) or by all the enabled transmitters and
receivers in the synchronous mode (SYN=1).

Table 9-2 provides a list of asynchronous-mode transmitter clock sources.

Table 9-2. Transmitter Clock Sources (Asynchronous Mode Only)

Transmitter
THCKD TFSD TCKD ETIO ETOO0 Bit Clock OUTPUTS
Source
0 0 0 N/A N/A SCKT - - -
0 0 1 N/A N/A HCKT - - SCKT
0 1 0 N/A N/A SCKT - FST -
0 1 1 N/A N/A HCKT - FST SCKT
1 0 0 0 0 SCKT HCKT - -
1 0 0 0 1 SCKT HCKT - -
1 0 0 1 0 SCKT HCKT - -
1 0 0 1 1 SCKT HCKT - -
1 0 1 0 0 Fsys HCKT - SCKT
1 0 1 0 1 Fsys HCKT - SCKT
1 0 1 1 0 EXTAL HCKT - SCKT
1 0 1 1 1 EXTAL HCKT - SCKT
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Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

Table 9-2. Transmitter Clock Sources (Asynchronous Mode Only) (continued)

Transmitter
THCKD TFSD TCKD ETIO ETOO0 Bit Clock OUTPUTS
Source
1 1 0 0 0 SCKR HCKT FST -
1 1 0 0 1 SCKR HCKT FST -
1 1 0 1 0 SCKR HCKT FST -
1 1 0 1 1 SCKR HCKT FST -
1 1 1 0 0 Fsys HCKT FST SCKT
1 1 1 0 1 Fsys HCKT FST SCKT
1 1 1 1 0 EXTAL HCKT FST SCKT
1 1 1 1 1 EXTAL HCKT FST SCKT

SCKT may be programmed as a general-purpose 1/0 pin (PC3) when the ESAI SCKT function is not being
used. For more information about EXTAL/ESAIO/2 clocking control bits (ETI0,ETO0), see Chapter 8,
“General Purpose Input/Output (GPI1O).”

NOTE

Although the external ESAI serial clock can be independent of and
asynchronous to the DSP system clock, the DSP clock frequency must be at
least four times the external ESAI serial clock frequency and each ESAI
serial clock phase must exceed the minimum of 2 DSP clock periods.

9.1.9 Frame Sync for Receiver (FSR)

FSR is a bidirectional pin providing the receivers frame sync signal for the ESAI interface. The direction
of this pin is determined by the RFSD bit in RCR register. In the asynchronous mode (SYN=0), the FSR
pin operates as the frame sync input or output used by all the enabled receivers. In the synchronous mode
(SYN=1), it operates as either the serial flag 1 pin (TEBE=0), or as the transmitter external buffer enable
control (TEBE=1, RFSD=1). For FSR pin mode definitions, see Table 9-8; for receiver clock signals, see
Table 9-1.

When this pin is configured as serial flag pin, its direction is determined by the RFSD bit in the RCCR
register. When configured as the output flag OF1, this pin reflects the value of the OF1 bit in the SAICR
register, and the data in the OF1 bit shows up at the pin synchronized to the frame sync being used by the
transmitter and receiver sections. When configured as the input flag IF1, the data value at the pin is stored
in the IF1 bit in the SAISR register, synchronized by the frame sync in normal mode or the slot in network
mode.

FSR may be programmed as a general-purpose 1/O pin (PC1) when the ESAI FSR function is not being
used.
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Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

9.1.10 Frame Sync for Transmitter (FST)

FST is a bidirectional pin providing the frame sync for both the transmitters and receivers in the
synchronous mode (SYN=1) and for the transmitters only in asynchronous mode (SYN=0) (see Table 9-2).
The direction of this pin is determined by the TFSD bit in the TCR register. When configured as an output,
this pin is the internally generated frame sync signal. When configured as an input, this pin receives an
external frame sync signal for the transmitters (and the receivers in synchronous mode).

FST may be programmed as a general-purpose I/O pin (PC4) when the ESAI FST function is not being
used.

9.1.11 High Frequency Clock for Transmitter (HCKT)

HCKT is a bidirectional pin providing the transmitters high frequency clock for the ESAI interface. The
direction of this pin is determined by the THCKD bit in the TCCR register. In the asynchronous mode
(SYN=0), the HCKT pin operates as the high frequency clock input or output used by all enabled
transmitters. In the synchronous mode (SYN=1), it operates as the high frequency clock input or output
used by all enabled transmitters and receivers. When programmed as input this pin is used as an alternative
high frequency clock source to the ESAI transmitter rather than the DSP main clock. When programmed
as output it can serve as a high frequency sample clock (to external DACs for example) or as an additional
system clock (see Table 9-1).

HCKT may be programmed as a general-purpose I/O pin (PC5) when the ESAI HCKT function is not
being used.

9.1.12 High Frequency Clock for Receiver (HCKR)

HCKR is a bidirectional pin providing the receivers high frequency clock for the ESAI interface. The
direction of this pin is determined by the RHCKD bit in the RCCR register. In the asynchronous mode
(SYN=0), the HCKR pin operates as the high frequency clock input or output used by all the enabled
receivers. In the synchronous mode (SYN=1), it operates as the serial flag 2 pin. For HCKR pin mode
definitions, see Table 9-9; for receiver clock signals, see Table 9-1.

When this pin is configured as serial flag pin, its direction is determined by the RHCKD bit in the RCCR
register. When configured as the output flag OF2, this pin reflects the value of the OF2 bit in the SAICR
register, and the data in the OF2 bit shows up at the pin synchronized to the frame sync being used by the
transmitter and receiver sections. When configured as the input flag IF2, the data value at the pin is stored
in the IF2 bit in the SAISR register, synchronized by the frame sync in normal mode or the slot in network
mode.

HCKR may be programmed as a general-purpose 1/O pin (PC2) when the ESAI HCKR function is not
being used.
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Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

9.2 ESAI Programming Model

The ESAI can be viewed as five control registers, one status register, six transmit data registers, four
receive data registers, two transmit slot mask registers, two receive slot mask registers and a
special-purpose time slot register. The following paragraphs give detailed descriptions and operations of
each bit in the ESAI registers.

The ESALI pins can also function as GPIO pins (Port C), described in Section 9.4, “GPIO—Pins and
Registers.”

9.2.1 ESAI Transmitter Clock Control Register (TCCR)

The read/write Transmitter Clock Control Register (TCCR) controls the ESAI transmitter clock generator
bit and frame sync rates, the bit clock and high frequency clock sources and the directions of the HCKT,
FST and SCKT signals. In the synchronous mode (SYN=1), the bit clock defined for the transmitter
determines the receiver bit clock as well. TCCR also controls the number of words per frame for the serial
data. Hardware and software reset clear all the bits of the TCCR register. Figure 9-2 shows the register.

11 10 9 8 7 6 5 4 3 2 1 0
X:$FFFFB6 | Tpc2 | TDC1 | TDCO | TPSR | TPM7 | TPM6 | TPM5 | TPM4 | TPM3 | TPM2 | TPM1 | TPMO

23 22 21 20 19 18 17 16 15 14 13 12
THCKD | TFSD | TCKD | THCKP | TFSP | TCKP | TFP3 | TFP2 | TFP1 | TFPO | TDC4 | TDC3

Figure 9-2. TCCR Register

NOTE

Care should be taken in asynchronous mode whenever the frame sync clock
(FSR, FST) is not sourced directly from its associated bit clock
(SCKR,SCKT). Proper phase relationships must be maintained between
these clocks to guarantee proper operation of the ESAL
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9.2.1.1 TCCR Transmit Prescale Modulus Select (TPM7-TPM0)—Bits 7-0

The TPM7-TPMO bits specify the divide ratio of the prescale divider in the ESAI transmitter clock
generator. A divide ratio from 1 to 256 (TPM[7:0]=$00 to $FF) may be selected. The bit clock output is
available at the transmit serial bit clock (SCKT) pin of the DSP. The bit clock output is also available
internally for use as the bit clock to shift the transmit and receive shift registers. The ESAI transmit clock
generator functional diagram is shown in Figure 9-3.

EXTAL ERO=1
—e
RHCKD=1 PRESCALE DIVIDER DIVIDER
DIVIDE DIVIDE BY 1 DIVIDE BY 1 DIVIDE BY 1
Fsys | OR —| TODIVIDEBY TO DIVIDE BY
ERI0=0 BY 2 DIVIDE BY 8 256 16
RﬁCKD=0
ERCO0=1
SPDIF RCV T T T
ERO0=1
®— ERCO0=0
EXTAL RPSR RPMO-RPM7 RFPO-RFP3
Yy — ER00=0
RHCKD
FLAGO OUT FLAGO IN
(SYNC MODE) (SYNC MODE) INTERNAL BIT CLOCK
RSWS4-RSWS0
T A ¥
> o RX WORD RX WORD
l | LENGTH DIVIDER 3 CLOCK
SYN=1 SYN=0
r Y
SCKR — ‘\\\————— RX SHIFT REGISTER
@ RCLOCK
SYN=0
RCKD | SYN=1 TSWS4-TSWSO0
INTERNAL BIT CLOCK TCLOCI: TX WORD TX WORD
SCKT  — | LENGTHDIVIDER [—cLOCK

TCKD
TX SHIFT REGISTER
THCKD
_\/ ETO0=0
HCKT

—.\3

&—————— EXTAL TPSR TPMO-TPM7 TFPO-TFP3
ETO0=1
e To SPDIF Xmt
THCKD=0
° PRESCALE DIVIDER DIVIDER
ETIO=1 DIVIDE DIVIDE BY 1 DIVIDE BY 1 DIVIDE BY 1
EXTAL ——e@ OR TODIVIDEBY TODIVIDEBY
\.f BY2 7] owvibesys [T 256 16
Feys HCKD=1
ETI0-0
Notes:

1. ETIx, ETOx, ERIx and EROx bit descriptions are covered in Section 8.2.2.3, “Port H Data Register (PDRH).”
2. Fsys is the DSP56300 Core internal clock frequency.

Figure 9-3. ESAI Clock Generator Functional Block Diagram
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9.2.1.2 TCCR Transmit Prescaler Range (TPSR)—Bit 8

The TPSR bit controls a fixed divide-by-eight prescaler in series with the variable prescaler. This bit is used
to extend the range of the prescaler for those cases where a slower bit clock is desired. When TPSR is set,
the fixed prescaler is bypassed. When TPSR is cleared, the fixed divide-by-eight prescaler is operational
(see Figure 9-3). The maximum internally generated bit clock frequency is Fsys/4; the minimum internally
generated bit clock frequency is Fsys/(2 x 8 x 256) = Fsys/4096.

NOTE

Do not use the combination TPSR=1, TPM7-TPM0=$00, and
TFP3-TFP0=3$0 which causes synchronization problems when using the
internal DSP clock as source (TCKD=1 or THCKD=1).

9.2.1.3 TCCR Tx Frame Rate Divider Control (TDC4-TDCO0)—Bits 13-9

The TDC4-TDCO bits control the divide ratio for the programmable frame rate dividers used to generate
the transmitter frame clocks.

In network mode, this ratio may be interpreted as the number of words per frame minus one. The divide
ratio may range from 2 to 32 (TDC[4:0]=00001 to 11111) for network mode. A divide ratio of one
(TDC[4:0]=00000) in network mode is a special case (on-demand mode).

In normal mode, this ratio determines the word transfer rate. The divide ratio may range from 1 to 32
(TDCJ[4:0]=00000 to 11111) for normal mode. In normal mode, a divide ratio of 1 (TDC[4:0]=00000)
provides continuous periodic data word transfers. A bit-length frame sync (TFSL=1) must be used in this
case.

The ESAI frame sync generator functional diagram is shown in Figure 9-4.
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RDCO-RDC4 RFSL
RX WORD * l
CLOCK
RECEIVER INTERNAL RX FRAME CLOCK
FRAME RATE A
DIVIDER TYPE RFSD
RFSD=1 SYN=0 /_
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Figure 9-4. ESAI Frame Sync Generator Functional Block Diagram

9.2.1.4 TCCR Tx High Frequency Clock Divider (TFP3-TFP0)—Bits 17-14

The TFP3-TFPO bits control the divide ratio of the transmitter high frequency clock to the transmitter
serial bit clock when the source of the high frequency clock and the bit clock is the internal DSP clock.
When the HCKT input is being driven from an external high frequency clock, the TFP3-TFPO bits specify
an additional division ratio in the clock divider chain. Table 9-3 shows the specification for the divide ratio.
Figure 9-3 shows the ESAI high frequency clock generator functional diagram.

Table 9-3. Transmitter High Frequency Clock Divider

TFP3-TFPO Divide Ratio
$0 1
$1 2
$2 3
$3 4
$F 16
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9.2.1.5 TCCR Transmit Clock Polarity (TCKP)—Bit 18

The Transmitter Clock Polarity (TCKP) bit controls on which bit clock edge data and frame sync are
clocked out and latched in. If TCKP is cleared the data and the frame sync are clocked out on the rising
edge of the transmit bit clock and latched in on the falling edge of the transmit bit clock. If TCKP is set
the falling edge of the transmit clock is used to clock the data out and frame sync and the rising edge of
the transmit clock is used to latch the data and frame sync in.

9.2.1.6 TCCR Transmit Frame Sync Polarity (TFSP)—Bit 19

The Transmitter Frame Sync Polarity (TFSP) bit determines the polarity of the transmit frame sync signal.
When TFSP is cleared, the frame sync signal polarity is positive, that is, the frame start is indicated by a
high level on the frame sync pin. When TFSP is set, the frame sync signal polarity is negative, that is, the
frame start is indicated by a low level on the frame sync pin.

9.2.1.7 TCCR Transmit High Frequency Clock Polarity (THCKP)—Bit 20

The Transmitter High Frequency Clock Polarity (THCKP) bit controls on which bit clock edge data and
frame sync are clocked out and latched in. If THCKP is cleared the data and the frame sync are clocked
out on the rising edge of the transmit high frequency bit clock and latched in on the falling edge of the
transmit bit clock. If THCKP is set the falling edge of the transmit clock is used to clock the data out and
frame sync and the rising edge of the transmit clock is used to latch the data and frame sync in.

9.2.1.8 TCCR Transmit Clock Source Direction (TCKD)—Bit 21

The Transmitter Clock Source Direction (TCKD) bit selects the source of the clock signal used to clock
the transmit shift registers in the asynchronous mode (SYN=0) and the transmit shift registers and the
receive shift registers in the synchronous mode (SYN=1). When TCKD is set, the internal clock source
becomes the bit clock for the transmit shift registers and word length divider and is the output on the SCKT
pin. When TCKD is cleared, the clock source is external; the internal clock generator is disconnected from
the SCKT pin, and an external clock source may drive this pin (see Table 9-2).

9.2.1.9 TCCR Transmit Frame Sync Signal Direction (TFSD)—Bit 22

TFSD controls the direction of the FST pin. When TFSD is cleared, FST is an input; when TFSD is set,
FST is an output (see Table 9-2).

9.2.1.10 TCCR Transmit High Frequency Clock Direction (THCKD)—Bit 23

THCKD controls the direction of the HCKT pin. When THCKD is cleared, HCKT is an input; when
THCKD is set, HCKT is an output (see Table 9-2).

9.2.2 ESAI Transmit Control Register (TCR)

The read/write Transmit Control Register (TCR) controls the ESAI transmitter section. Interrupt enable
bits for the transmitter section are provided in this control register. Operating modes are also selected in
this register. Figure 9-5 shows the register.
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11 10 9 8 7 6 5 4 3 2 1 0
X:$FFFFB5  |TSWS1|TSWS0[TMOD1[TMODO| TWA |TSHFD| TE5 | TE4 | TE3 | TE2 | TE1 | TEO

23 22 21 20 19 18 17 16 15 14 13 12
TLIE | TIE |TEDIE| TEIE | TPR PADC | TFSR | TFSL [TSWS4/TSWS3|TSWS2

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-5. TCR Register

Hardware and software reset clear all the bits in the TCR register.

9.2.2.1 TCR ESAI Transmit 0 Enable (TE0)—Bit 0

TEO enables the transfer of data from TXO to the transmit shift register #0. When TEOQ is set and a frame
sync is detected, the transmit #0 portion of the ESAI is enabled for that frame. When TEO is cleared, the
transmitter #0 is disabled after completing transmission of data currently in the ESAI transmit shift
register. The SDOOQ output is tri-stated, and any data present in TXO is not transmitted, that is, data can be
written to TXO0 with TEO cleared, but data is not transferred to the transmit shift register #0.

The normal mode transmit enable sequence is to write data to one or more transmit data registers before
setting TEx. The normal transmit disable sequence is to clear TEx, TIE and TEIE after TDE equals one.

In the network mode, the operation of clearing TEO and setting it again disables the transmitter #0 after
completing transmission of the current data word until the beginning of the next frame. During that time
period, the SDOO pin remains in the high-impedance state.The on-demand mode transmit enable sequence
can be the same as the normal mode, or TEO can be left enabled.

9.2.2.2 TCR ESAI Transmit 1 Enable (TE1)—Bit 1

TEI enables the transfer of data from TXI1 to the transmit shift register #1. When TEI is set and a frame
sync is detected, the transmit #1 portion of the ESAI is enabled for that frame. When TEI is cleared, the
transmitter #1 is disabled after completing transmission of data currently in the ESAI transmit shift
register. The SDO1 output is tri-stated, and any data present in TX1 is not transmitted, that is, data can be
written to TX1 with TEI cleared, but data is not transferred to the transmit shift register #1.

The normal mode transmit enable sequence is to write data to one or more transmit data registers before
setting TEx. The normal transmit disable sequence is to clear TEx, TIE and TEIE after TDE equals one.

In the network mode, the operation of clearing TE1 and setting it again disables the transmitter #1 after
completing transmission of the current data word until the beginning of the next frame. During that time
period, the SDO1 pin remains in the high-impedance state. The on-demand mode transmit enable sequence
can be the same as the normal mode, or TE1 can be left enabled.
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9.2.2.3 TCR ESAI Transmit 2 Enable (TE2)—Bit 2

TE2 enables the transfer of data from TX2 to the transmit shift register #2. When TE2 is set and a frame
sync is detected, the transmit #2 portion of the ESAI is enabled for that frame. When TE2 is cleared, the
transmitter #2 is disabled after completing transmission of data currently in the ESAI transmit shift
register. Data can be written to TX2 when TE2 is cleared but the data is not transferred to the transmit shift
register #2.

The SDO2/SDI3 pin is the data input pin for RX3 if TE2 is cleared and RE3 in the RCR register is set. If
both RE3 and TE2 are cleared, the transmitter and receiver are disabled, and the pin is tri-stated. Both RE3
and TE2 should not be set at the same time.

The normal mode transmit enable sequence is to write data to one or more transmit data registers before
setting TEx. The normal transmit disable sequence is to clear TEx, TIE and TEIE after TDE equals one.

In the network mode, the operation of clearing TE2 and setting it again disables the transmitter #2 after
completing transmission of the current data word until the beginning of the next frame. During that time
period, the SDO2/SDI3 pin remains in the high-impedance state. The on-demand mode transmit enable
sequence can be the same as the normal mode, or TE2 can be left enabled.

9.2.2.4 TCR ESAI Transmit 3 Enable (TE3)—Bit 3

TE3 enables the transfer of data from TX3 to the transmit shift register #3. When TE3 is set and a frame
sync is detected, the transmit #3 portion of the ESAI is enabled for that frame. When TE3 is cleared, the
transmitter #3 is disabled after completing transmission of data currently in the ESAI transmit shift
register. Data can be written to TX3 when TE3 is cleared but the data is not transferred to the transmit shift
register #3.

The SDO3/SDI2 pin is the data input pin for RX2 if TE3 is cleared and RE2 in the RCR register is set. If
both RE2 and TE3 are cleared, the transmitter and receiver are disabled, and the pin is tri-stated. Both RE2
and TE3 should not be set at the same time.

The normal mode transmit enable sequence is to write data to one or more transmit data registers before
setting TEx. The normal transmit disable sequence is to clear TEx, TIE and TEIE after TDE equals one.

In the network mode, the operation of clearing TE3 and setting it again disables the transmitter #3 after
completing transmission of the current data word until the beginning of the next frame. During that time
period, the SDO3/SDI2 pin remains in the high-impedance state. The on-demand mode transmit enable
sequence can be the same as the normal mode, or TE3 can be left enabled.

9.2.2.5 TCR ESAI Transmit 4 Enable (TE4)—Bit 4

TE4 enables the transfer of data from TX4 to the transmit shift register #4. When TE4 is set and a frame
sync is detected, the transmit #4 portion of the ESAI is enabled for that frame. When TE4 is cleared, the
transmitter #4 is disabled after completing transmission of data currently in the ESAI transmit shift
register. Data can be written to TX4 when TE4 is cleared but the data is not transferred to the transmit shift
register #4.
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The SDO4/SDI1 pin is the data input pin for RX1 if TE4 is cleared and RE1 in the RCR register is set. If
both RE1 and TE4 are cleared, the transmitter and receiver are disabled, and the pin is tri-stated. Both RE1
and TE4 should not be set at the same time.

The normal mode transmit enable sequence is to write data to one or more transmit data registers before
setting TEx. The normal transmit disable sequence is to clear TEx, TIE and TEIE after TDE equals one.

In the network mode, the operation of clearing TE4 and setting it again disables the transmitter #4 after
completing transmission of the current data word until the beginning of the next frame. During that time
period, the SDO4/SDI1 pin remains in the high-impedance state. The on-demand mode transmit enable
sequence can be the same as the normal mode, or TE4 can be left enabled.

9.2.2.6 TCR ESAI Transmit 5 Enable (TE5)—Bit 5

TES enables the transfer of data from TXS5 to the transmit shift register #5. When TES is set and a frame
sync is detected, the transmit #5 portion of the ESAI is enabled for that frame. When TES is cleared, the
transmitter #5 is disabled after completing transmission of data currently in the ESAI transmit shift
register. Data can be written to TXS5 when TES is cleared but the data is not transferred to the transmit shift
register #5.

The SDOS5/SDIO pin is the data input pin for RXO if TES is cleared and REO in the RCR register is set. If
both REO and TES are cleared, the transmitter and receiver are disabled, and the pin is tri-stated. Both REQ
and TES should not be set at the same time.

The normal mode transmit enable sequence is to write data to one or more transmit data registers before
setting TEx. The normal transmit disable sequence is to clear TEx, TIE and TEIE after TDE equals one.

In the network mode, the operation of clearing TES and setting it again disables the transmitter #5 after
completing transmission of the current data word until the beginning of the next frame. During that time
period, the SDOS5/SDIO pin remains in the high-impedance state. The on-demand mode transmit enable
sequence can be the same as the normal mode, or TES can be left enabled.

9.2.2.7 TCR Transmit Shift Direction (TSHFD)—Bit 6

The TSHFD bit causes the transmit shift registers to shift data out MSB first when TSHFD equals zero or
LSB first when TSHFD equals one (see Figure 9-13 and Figure 9-14).

9.2.2.8 TCR Transmit Word Alignment Control (TWA)—Bit 7

The Transmitter Word Alignment Control (TWA) bit defines the alignment of the data word in relation to
the slot. This is relevant for the cases where the word length is shorter than the slot length. If TWA is
cleared, the data word is left-aligned in the slot frame during transmission. If TWA 1is set, the data word is
right-aligned in the slot frame during transmission.

Since the data word is shorter than the slot length, the data word is extended until achieving the slot length,
according to the following rule:

1. If the data word is left-aligned (TWA=0), and zero padding is disabled (PADC=0), the last data bit
is repeated after the data word has been transmitted. If zero padding is enabled (PADC=1), zeroes
are transmitted after the data word has been transmitted.
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2. If the data word is right-aligned (TWA=1), and zero padding is disabled (PADC=0), the first data
bit is repeated before the transmission of the data word. If zero padding is enabled (PADC=1),
zeroes are transmitted before the transmission of the data word.

9.2.2.9 TCR Transmit Network Mode Control (TMOD1-TMODO0)—Bits 9-8

The TMOD1 and TMODO bits are used to define the network mode of ESAI transmitters, as shown in
Table 9-4. In the normal mode, the frame rate divider determines the word transfer rate—one word is
transferred per frame sync during the frame sync time slot, as shown in Figure 9-6. In network mode, it is
possible to transfer a word for every time slot, as shown in Figure 9-6. For further details, see Section 9.3,
“Operating Modes.”

To comply with AC-97 specifications, TSWS4-TSWSO0 should be set to 00011 (20-bit slot, 20-bit word
length), TFSL and TFSR should be cleared, and TDC4-TDCO should be set to $OC (13 words in frame).
If TMOD[1:0]=$11 and the above recommendations are followed, the first slot and word will be 16 bits
long, and the next 12 slots and words will be 20 bits long, as required by the AC97 protocol.

Table 9-4. Transmit Network Mode Selection

TMOD1 TMODO |TDC4-TDCO Transmitter Network Mode
0 0 $0-$1F | Normal Mode
0 1 $0 On-Demand Mode
0 1 $1-$1F Network Mode
1 0 X Reserved
1 1 $0C AC97
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A

A

DATA

-

_

NOTE: Interrupts occur and a word may be transferred at every time slot.

NOTE: Interrupts occur and data is transferred once per frame sync.

RIAL DATA

Normal Mode
SERIAL CLOCK |
TRANSMITTER INTERRUPT (OR DMA REQUEST)
AND FLAGS SET
DATA
RECEIVER INTERRUPT (OR DMA A
REQUEST) AND FLAGS SET
Network Mode
SERIAL CLOCK
TRANSMITTER INTERRUPTS (OR DMA
REQUEST) AND FLAGS SET
SERIAL DATA >< SLOT 0 >< SLOT 1 >< SLOT 2 >< SLOT O >< SLOT 1 ><
RECEIVER INTERRUPT (OR DMA REQUEST)
AND FLAGS SET

FRAME SYNC |

FRAME SYNC

SE

Figure 9-6. Normal and Network Operation

9.2.2.10 TCR Tx Slot and Word Length Select (TSWS4-TSWS0)—Bits 14-10

The TSWS4-TSWSO bits are used to select the length of the slot and the length of the data words being
transferred via the ESAI The word length must be equal to or shorter than the slot length. The possible
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combinations are shown in Table 9-5. See also the ESAI data path programming model in Figure 9-13 and

Figure 9-14.
Table 9-5. ESAI Transmit Slot and Word Length Selection
TSWS4 TSWS3 TSWS2 TSWSH1 TSWSO0 SLOT LENGTH WORD LENGTH
0 0 0 0 0 8 8
0 0 1 0 0 12 8
0 0 0 0 1 12
0 1 0 0 0 16 8
0 0 1 0 1 12
0 0 0 1 0 16
0 1 1 0 0 20 8
0 1 0 0 1 12
0 0 1 1 0 16
0 0 0 1 1 20
1 0 0 0 0 24 8
0 1 1 0 1 12
0 1 0 1 0 16
0 0 1 1 1 20
1 1 1 1 0 24
1 1 0 0 0 32 8
1 0 1 0 1 12
1 0 0 1 0 16
0 1 1 1 1 20
1 1 1 1 1 24
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Table 9-5. ESAI Transmit Slot and Word Length Selection (continued)

TSWS4 TSWS3 TSWS2 TSWSH1 TSWSO0 SLOT LENGTH WORD LENGTH
0 1 0 1 1 Reserved
0 1 1 1 0
1 0 0 0 1
1 0 0 1 1
1 0 1 0 0
1 0 1 1 0
1 0 1 1 1
1 1 0 0 1
1 1 0 1 0
1 1 0 1 1
1 1 1 0 0
1 1 1 0 1
9.2.2.11 TCR Transmit Frame Sync Length (TFSL)—Bit 15

The TFSL bit selects the length of frame sync to be generated or recognized. If TFSL is cleared, a
word-length frame sync is selected. If TESL is set, a 1-bit clock period frame sync is selected. See

Figure 9-7 for examples of frame length selection.
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WORD LENGTH: TFSL=0, RFSL=0

RX, TX FRAME SYNC

RX, TX SERIAL DATA

DATA DATA

NOTE: Frame sync occurs while data is valid.

ONE BIT LENGTH: TFSL=1, RFSL=1

RX, TX FRAME SYNC | | |—|

RX, TX SERIAL DATA

DATA DATA

NOTE: Frame sync occurs for one bit time preceding the data.

MIXED FRAME LENGTH: TFSL=1, RFSL=0

RX FRAME SYNC

RX SERIAL DATA
DATA \ / DATA
TX FRAME SYNC | | |_

TX SERIAL DATA

DATA DATA

MIXED FRAME LENGTH: TFSL=0, RFSL=1

RX FRAME SYNC || |_|

RX SERIAL DATA

DATA DATA
TX FRAME SYNC
TX SERIAL DATA

DATA DATA

Figure 9-7. Frame Length Selection
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9.2.2.12 TCR Transmit Frame Sync Relative Timing (TFSR)—Bit 16

TFSR determines the relative timing of the transmit frame sync signal as referred to the serial data lines,
for a word length frame sync only (TFSL=0). When TFSR is cleared the word length frame sync occurs
together with the first bit of the data word of the first slot. When TFSR is set the word length frame sync
starts one serial clock cycle earlier, that is, together with the last bit of the previous data word.

9.2.2.13 TCR Transmit Zero Padding Control (PADC)—Bit 17

When PADC is cleared, zero padding is disabled. When PADC is set, zero padding is enabled. PADC, in
conjunction with the TWA control bit, determines the way that padding is done for operating modes where
the word length is less than the slot length. See the TWA bit description in Section 9.2.2.8, “TCR Transmit
Word Alignment Control (TWA)—Bit 7” for more details.

Since the data word is shorter than the slot length, the data word is extended until achieving the slot length,
according to the following rule:

1. If the data word is left-aligned (TWA=0), and zero padding is disabled (PADC=0), the last data bit
is repeated after the data word has been transmitted. If zero padding is enabled (PADC=1), zeroes
are transmitted after the data word has been transmitted.

2. If the data word is right-aligned (TWA=1), and zero padding is disabled (PADC=0), the first data
bit is repeated before the transmission of the data word. If zero padding is enabled (PADC=1),
zeroes are transmitted before the transmission of the data word.

9.2.2.14 TCR Reserved Bit—Bits 18

This bit is reserved. It reads as zero, and it should be written with zero for future compatibility.

9.2.2.15 TCR Transmit Section Personal Reset (TPR)—Bit 19

The TPR control bit is used to put the transmitter section of the ESAI in the personal reset state. The
receiver section is not affected. When TPR is cleared, the transmitter section may operate normally. When
TPR is set, the transmitter section enters the personal reset state immediately. When in the personal reset
state, the status bits are reset to the same state as after hardware reset. The control bits are not affected by
the personal reset state. The transmitter data pins are tri-stated while in the personal reset state; if a stable
logic level is desired, the transmitter data pins should be defined as GPIO outputs, or external pull-up or
pull-down resistors should be used. The transmitter clock outputs drive zeroes while in the personal reset
state. Note that to leave the personal reset state by clearing TPR, the procedure described in Section 9.5,
“ESAI Initialization Examples” should be followed.

9.2.2.16 TCR Transmit Exception Interrupt Enable (TEIE)—Bit 20

When TEIE is set, the DSP is interrupted when both TDE and TUE in the SAISR status register are set.
When TEIE is cleared, this interrupt is disabled. Reading the SAISR status register followed by writing to
all the data registers of the enabled transmitters clears TUE, thus clearing the pending interrupt.
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9.2.2.17 TCR Transmit Even Slot Data Interrupt Enable (TEDIE)—Bit 21

The TEDIE control bit is used to enable the transmit even slot data interrupts. If TEDIE is set, the transmit
even slot data interrupts are enabled. If TEDIE is cleared, the transmit even slot data interrupts are disabled.
A transmit even slot data interrupt request is generated if TEDIE is set and the TEDE status flag in the
SAISR status register is set. Even time slots are all even-numbered time slots (0, 2, 4, etc.) when operating
in network mode. The zero time slot in the frame is marked by the frame sync signal and is considered to
be even. Writing data to all the data registers of the enabled transmitters or to TSR clears the TEDE flag,
thus servicing the interrupt.

Transmit interrupts with exception have higher priority than transmit even slot data interrupts, therefore if
exception occurs (TUE is set) and TEIE is set, the ESAI requests an ESAI transmit data with exception
interrupt from the interrupt controller.

9.2.2.18 TCR Transmit Interrupt Enable (TIE)—Bit 22

The DSP is interrupted when TIE and the TDE flag in the SAISR status register are set. When TIE is
cleared, this interrupt is disabled. Writing data to all the data registers of the enabled transmitters or to TSR
clears TDE, thus clearing the interrupt.

Transmit interrupts with exception have higher priority than normal transmit data interrupts, therefore if
exception occurs (TUE is set) and TEIE is set, the ESAI requests an ESAI transmit data with exception
interrupt from the interrupt controller.

9.2.2.19 TCR Transmit Last Slot Interrupt Enable (TLIE)—Bit 23

TLIE enables an interrupt at the beginning of last slot of a frame in network mode. When TLIE is set the
DSP is interrupted at the start of the last slot in a frame in network mode regardless of the transmit mask
register setting. When TLIE is cleared the transmit last slot interrupt is disabled. TLIE is disabled when
TDC[4:0]=$00000 (on-demand mode). The use of the transmit last slot interrupt is described in

Section 9.3.3, “ESAI Interrupt Requests.”

9.2.3 ESAI Receive Clock Control Register (RCCR)

The read/write Receive Clock Control Register (RCCR) controls the ESAl receiver clock generator bit and
frame sync rates, word length, and number of words per frame for the serial data. The RCCR control bits
are described in the following paragraphs. Figure 9-8 shows the ESAI Receive Clock Control register.
Hardware and software reset clear all the bits of the RCCR register.
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1 10 9 8 7 6 5 4 3 2 1 0
X:$FFFFB8 | RpC2 | RDC1 | RDCO | RPSR | RPM7 | RPM6 | RPMS5 | RPM4 | RPM3 | RPM2 | RPM1 | RPMO

23 22 21 20 19 18 17 16 15 14 13 12
RHCKD| RFSD | RCKD [RHCKP| RFSP | RCKP | RFP3 | RFP2 | RFP1 | RFPO | RDC4 | RDC3

Figure 9-8. RCCR Register

9.2.3.1 RCCR Receiver Prescale Modulus Select (RPM7-RPM0)—Bits 7-0

The RPM7-RPMO bits specify the divide ratio of the prescale divider in the ESAI receiver clock generator.
A divide ratio from 1 to 256 (RPM[7:0]=$00 to $FF) may be selected. The bit clock output is available at
the receiver serial bit clock (SCKR) pin of the DSP. The bit clock output is also available internally for use
as the bit clock to shift the receive shift registers. The ESAI receive clock generator functional diagram is
shown in Figure 9-3.

9.2.3.2 RCCR Receiver Prescaler Range (RPSR)—Bit 8

The RPSR controls a fixed divide-by-eight prescaler in series with the variable prescaler. This bit is used
to extend the range of the prescaler for those cases where a slower bit clock is desired. When RPSR is set,
the fixed prescaler is bypassed. When RPSR is cleared, the fixed divide-by-eight prescaler is operational
(see Figure 9-3). The maximum internally generated bit clock frequency is Fsys/4, the minimum internally
generated bit clock frequency is Fsys/(2 x 8 x 256)=Fsys/4096.

NOTE

Do not use the combination RPSR=1 and RPM7-RPMO0=$00, which causes
synchronization problems when using the internal DSP clock as source
(RHCKD=1 or RCKD=1).

9.2.3.3 RCCR Rx Frame Rate Divider Control (RDC4-RDCO0)—Bits 13-9

The RDC4-RDCO bits control the divide ratio for the programmable frame rate dividers used to generate
the receiver frame clocks.

In network mode, this ratio may be interpreted as the number of words per frame minus one. The divide
ratio may range from 2 to 32 (RDC[4:0]=00001 to 11111) for network mode. A divide ratio of one
(RDC[4:0]=00000) in network mode is a special case (on-demand mode).

In normal mode, this ratio determines the word transfer rate. The divide ratio may range from 1 to 32
(RDCJ4:0]=00000 to 11111) for normal mode. In normal mode, a divide ratio of one (RDC[4:0]=00000)
provides continuous periodic data word transfers. A bit-length frame sync (RFSL=1) must be used in this
case.

The ESAI frame sync generator functional diagram is shown in Figure 9-4.
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9.2.3.4 RCCR Rx High Frequency Clock Divider (RFP3-RFP0)—Bits 17-14

The RFP3—RFPO bits control the divide ratio of the receiver high frequency clock to the receiver serial bit
clock when the source of the receiver high frequency clock and the bit clock is the internal DSP clock.
When the HCKR input is being driven from an external high frequency clock, the RFP3—-RFPO bits specify
an additional division ration in the clock divider chain. Table 9-6 provides the specification of the divide
ratio. Figure 9-3 shows the ESAI high frequency generator functional diagram.

Table 9-6. Receiver High Frequency Clock Divider

RFP3-RFPO Divide Ratio
$0 1
$1 2
$2 3
$3 4
$F 16

9.2.3.5 RCCR Receiver Clock Polarity (RCKP)—Bit 18

The Receiver Clock Polarity (RCKP) bit controls on which bit clock edge data and frame sync are clocked
out and latched in. If RCKP is cleared the data and the frame sync are clocked out on the rising edge of the
receive bit clock and the frame sync is latched in on the falling edge of the receive bit clock. If RCKP is
set the falling edge of the receive clock is used to clock the data and frame sync out and the rising edge of
the receive clock is used to latch the frame sync in.

9.2.3.6 RCCR Receiver Frame Sync Polarity (RFSP)—Bit 19

The Receiver Frame Sync Polarity (RFSP) determines the polarity of the receive frame sync signal. When
RFSP is cleared the frame sync signal polarity is positive, that is, the frame start is indicated by a high level
on the frame sync pin. When RFSP is set the frame sync signal polarity is negative, that is, the frame start
is indicated by a low level on the frame sync pin.

9.2.3.7 RCCR Receiver High Frequency Clock Polarity (RHCKP)—Bit 20

The Receiver High Frequency Clock Polarity (RHCKP) bit controls on which bit clock edge data and
frame sync are clocked out and latched in. If RHCKP is cleared the data and the frame sync are clocked
out on the rising edge of the receive high frequency bit clock and the frame sync is latched in on the falling
edge of the receive bit clock. If RHCKP is set the falling edge of the receive clock is used to clock the data
and frame sync out and the rising edge of the receive clock is used to latch the frame sync in.

9.2.3.8 RCCR Receiver Clock Source Direction (RCKD)—Bit 21

The Receiver Clock Source Direction (RCKD) bit selects the source of the clock signal used to clock the
receive shift register in the asynchronous mode (SYN=0) and the IFO/OFO flag direction in the
synchronous mode (SYN=1).
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In the asynchronous mode, when RCKD is set, the internal clock source becomes the bit clock for the

receive shift registers and word length divider and is the output on the SCKR pin. In the asynchronous
mode when RCKD is cleared, the clock source is external; the internal clock generator is disconnected
from the SCKR pin, and an external clock source may drive this pin.

In the synchronous mode when RCKD is set, the SCKR pin becomes the OF0 output flag. If RCKD is

cleared, the SCKR pin becomes the IFO input flag. See Table 9-1 and Table 9-7.

Table 9-7. SCKR Pin Definition Table

Control Bits
SCKR PIN
SYN RCKD
0 0 SCKR input
0 1 SCKR output
1 0 IFO
1 1 OFO0

9.2.3.9

RCCR Receiver Frame Sync Signal Direction (RFSD)—Bit 22

The Receiver Frame Sync Signal Direction (RFSD) bit selects the source of the receiver frame sync signal
when in the asynchronous mode (SYN=0) and the IF1/OF1/Transmitter Buffer Enable flag direction in the

synchronous mode (SYN=1).

In the asynchronous mode, when RFSD is set, the internal clock generator becomes the source of the

receiver frame sync and is the output on the FSR pin. In the asynchronous mode, when RFSD is cleared,
the receiver frame sync source is external; the internal clock generator is disconnected from the FSR pin,
and an external clock source may drive this pin.

In the synchronous mode when RFSD is set, the FSR pin becomes the OF1 output flag or the Transmitter
Buffer Enable, according to the TEBE control bit. If RFSD is cleared, the FSR pin becomes the IF1 input

flag. See Table 9-1 and Table 9-8.

Table 9-8. FSR Pin Definition Table

Control Bits
FSR Pin
SYN TEBE RFSD
0 X 0 FSR input
0 X 1 FSR output
1 0 0 IF1
1 0 1 OF1
1 1 0 reserved
1 1 1 Transmitter Buffer
Enable
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9.2.3.10 RCCR Receiver High Frequency Clock Direction (RHCKD)—Bit 23

The Receiver High Frequency Clock Direction (RHCKD) bit selects the source of the receiver high
frequency clock when in the asynchronous mode (SYN=0) and the IF2/OF2 flag direction in the
synchronous mode (SYN=1).

In the asynchronous mode, when RHCKD is set, the internal clock generator becomes the source of the
receiver high frequency clock and is the output on the HCKR pin. In the asynchronous mode, when
RHCKD is cleared, the receiver high frequency clock source is external; the internal clock generator is
disconnected from the HCKR pin, and an external clock source may drive this pin.

When RHCKD is cleared, HCKR is an input; when RHCKD is set, HCKR is an output.

In the synchronous mode when RHCKD is set, the HCKR pin becomes the OF2 output flag. If RHCKD
is cleared, the HCKR pin becomes the IF2 input flag. See Table 9-1 and Table 9-9.

Table 9-9. HCKR Pin Definition Table

Control Bits
HCKR PIN
SYN RHCKD
0 0 HCKR input
0 1 HCKR output
1 0 IF2
1 1 OF2

9.2.4 ESAI Receive Control Register (RCR)

The read/write Receive Control Register (RCR) controls the ESAI receiver section. Interrupt enable bits
for the receivers are provided in this control register. The receivers are enabled in this register (0,1,2 or 3
receivers can be enabled) if the input data pin is not used by a transmitter. Operating modes are also
selected in this register. Figure 9-9 shows the ESAI Receive Control register.

1 10 9 8 7 6 5 4 3 2 1 0
X:$FFFFB7 |RSwS1RSWS0|RMOD1|RMODO| RWA |RSHFD RE3 | RE2 | RE1 | REO

23 22 21 20 19 18 17 16 15 14 13 12

RLIE | RIE |REDIE| REIE | RPR RFSR | RFSL |RSWS4RSWS3RSWS2

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-9. ESAI Receive Control Register

Hardware and software reset clear all the bits in the RCR register.

The ESAI RCR bits are described in the following paragraphs.
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9.2.41 RCR ESAI Receiver 0 Enable (RE0)—Bit 0

When REO is set and TES is cleared, the ESAI receiver 0 is enabled and samples data at the SDO5/SDIO
pin. TXS and RXO0 should not be enabled at the same time (REO=1 and TE5=1). When REQO is cleared,
receiver O is disabled by inhibiting data transfer into RXO0. If this bit is cleared while receiving a data word,
the remainder of the word is shifted in and transferred to the RX0 data register.

If REO is set while some of the other receivers are already in operation, the first data word received in RX0
will be invalid and must be discarded.

9.2.4.2 RCR ESAI Receiver 1 Enable (RE1)—Bit 1

When REI1 is set and TE4 is cleared, the ESAI receiver 1 is enabled and samples data at the SDO4/SDI1
pin. TX4 and RX1 should not be enabled at the same time (RE1=1 and TE4=1). When REI is cleared,
receiver 1 is disabled by inhibiting data transfer into RX1. If this bit is cleared while receiving a data word,
the remainder of the word is shifted in and transferred to the RX1 data register.

If RE1 is set while some of the other receivers are already in operation, the first data word received in RX1
will be invalid and must be discarded.

9.2.4.3 RCR ESAI Receiver 2 Enable (RE2)—Bit 2

When RE2 is set and TE3 is cleared, the ESAI receiver 2 is enabled and samples data at the SDO3/SDI2
pin. TX3 and RX2 should not be enabled at the same time (RE2=1 and TE3=1). When RE2 is cleared,
receiver 2 is disabled by inhibiting data transfer into RX?2. If this bit is cleared while receiving a data word,
the remainder of the word is shifted in and transferred to the RX2 data register.

If RE2 is set while some of the other receivers are already in operation, the first data word received in RX?2
will be invalid and must be discarded.
9.24.4 RCR ESAI Receiver 3 Enable (RE3)—Bit 3

When RE3 is set and TE2 is cleared, the ESAI receiver 3 is enabled and samples data at the SDO2/SDI3
pin. TX2 and RX3 should not be enabled at the same time (RE3=1 and TE2=1). When RE3 is cleared,
receiver 3 is disabled by inhibiting data transfer into RX3. If this bit is cleared while receiving a data word,
the remainder of the word is shifted in and transferred to the RX3 data register.

If RE3 is set while some of the other receivers are already in operation, the first data word received in RX3
will be invalid and must be discarded.

9.2.45 RCR Reserved Bits—Bits 5-4, 18-17

These bits are reserved. They read as zero, and they should be written with zero for future compatibility.

9.2.4.6 RCR Receiver Shift Direction (RSHFD)—Bit 6

The RSHFD bit causes the receiver shift registers to shift data in MSB first when RSHFD is cleared or LSB
first when RSHFD is set (see Figure 9-13 and Figure 9-14).
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9.2.4.7 RCR Receiver Word Alignment Control (RWA)—Bit 7

The Receiver Word Alignment Control (RWA) bit defines the alignment of the data word in relation to the
slot. This is relevant for the cases where the word length is shorter than the slot length. If RWA is cleared,
the data word is assumed to be left-aligned in the slot frame. If RWA is set, the data word is assumed to be
right-aligned in the slot frame.

If the data word is shorter than the slot length, the data bits which are not in the data word field are ignored.

For data word lengths of less than 24 bits, the data word is right-extended with zeroes before being stored
in the receive data registers.

9.2.4.8 RCR Receiver Network Mode Control (RMOD1-RMODO0)—Bits 9-8

The RMOD1 and RMODO bits are used to define the network mode of the ESAI receivers, as shown in
Table 9-10. In the normal mode, the frame rate divider determines the word transfer rate — one word is
transferred per frame sync during the frame sync time slot, as shown in Figure 9-6. In network mode, it is
possible to transfer a word for every time slot, as shown in Figure 9-6. For more details, see Section 9.3,
“Operating Modes.”

To comply with AC-97 specifications, RSWS4-RSWSO0 should be set to 00011 (20-bit slot, 20-bit word);
RFSL and RFSR should be cleared, and RDC4-RDCO should be set to $0C (13 words in frame).

Table 9-10. ESAI Receive Network Mode Selection

RMOD1 RMODO RDC4-RDCO Receiver Network Mode
0 0 $0-$1F Normal Mode
0 1 $0 On-Demand Mode
0 1 $1-$1F Network Mode
1 0 X Reserved
1 1 $0C AC97

9.2.4.9 RCR Receiver Slot and Word Select (RSWS4-RSWS0)—Bits 14-10

The RSWS4-RSWSO bits are used to select the length of the slot and the length of the data words being
received via the ESAI. The word length must be equal to or shorter than the slot length. The possible
combinations are shown in Table 9-11. See also the ESAI data path programming model in Figure 9-13
and Figure 9-14.

Table 9-11. ESAI Receive Slot and Word Length Selection

RSWS4 | RSWS3 RSWS2 RSWS1 RSWSO0 SLOT LENGTH WORD LENGTH
0 0 0 0 0 8 8
0 0 1 0 0 12 8
0 0 0 0 1 12
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Table 9-11. ESAI Receive Slot and Word Length Selection (continued)

RSWS4 | RSWS3 | RSWS2 | RSWS1 RSWSO0 SLOT LENGTH WORD LENGTH
0 1 0 0 0 16 8
0 0 1 0 1 12
0 0 0 1 0 16
0 1 1 0 0 20 8
0 1 0 0 1 12
0 0 1 1 0 16
0 0 0 1 1 20
1 0 0 0 0 24 8
0 1 1 0 1 12
0 1 0 1 0 16
0 0 1 1 1 20
1 1 1 1 0 24
1 1 0 0 0 32 8
1 0 1 0 1 12
1 0 0 1 0 16
0 1 1 1 1 20
1 1 1 1 1 24
0 1 0 1 1 Reserved
0 1 1 1 0
1 0 0 0 1
1 0 0 1 1
1 0 1 0 0
1 0 1 1 0
1 0 1 1 1
1 1 0 0 1
1 1 0 1 0
1 1 0 1 1
1 1 1 0 0
1 1 1 0 1
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9.2.4.10 RCR Receiver Frame Sync Length (RFSL)—Bit 15

The RFSL bit selects the length of the receive frame sync to be generated or recognized. If RFSL is cleared,
a word-length frame sync is selected. If RFSL is set, a 1-bit clock period frame sync is selected. See
Figure 9-7 for examples of frame length selection.

9.2.4.11 RCR Receiver Frame Sync Relative Timing (RFSR)—Bit 16

RFSR determines the relative timing of the receive frame sync signal as referred to the serial data lines, for
a word length frame sync only. When RFSR is cleared the word length frame sync occurs together with
the first bit of the data word of the first slot. When RFSR is set the word length frame sync starts one serial
clock cycle earlier, that is, together with the last bit of the previous data word.

9.2.4.12 RCR Receiver Section Personal Reset (RPR)—Bit 19

The RPR control bit is used to put the receiver section of the ESAI in the personal reset state. The
transmitter section is not affected. When RPR 1is cleared, the receiver section may operate normally. When
RPR is set, the receiver section enters the personal reset state immediately. When in the personal reset state,
the status bits are reset to the same state as after hardware reset. The control bits are not affected by the
personal reset state. The receiver data pins are disconnected while in the personal reset state. Note that to
leave the personal reset state by clearing RPR, the procedure described in Section 9.5, “ESAI Initialization
Examples” should be followed.

9.2.4.13 RCR Receive Exception Interrupt Enable (REIE)—Bit 20

When REIE is set, the DSP is interrupted when both RDF and ROE in the SAISR status register are set.
When REIE is cleared, this interrupt is disabled. Reading the SAISR status register followed by reading
the enabled receivers data registers clears ROE, thus clearing the pending interrupt.

9.2.4.14 RCR Receive Even Slot Data Interrupt Enable (REDIE)—Bit 21

The REDIE control bit is used to enable the receive even slot data interrupts. If REDIE is set, the receive
even slot data interrupts are enabled. If REDIE is cleared, the receive even slot data interrupts are disabled.
A receive even slot data interrupt request is generated if REDIE is set and the REDF status flag in the
SAISR status register is set. Even time slots are all even-numbered time slots (0, 2, 4, etc.) when operating
in network mode. The zero time slot is marked by the frame sync signal and is considered to be even.
Reading all the data registers of the enabled receivers clears the REDF flag, thus servicing the interrupt.

Receive interrupts with exception have higher priority than receive even slot data interrupts, therefore if
exception occurs (ROE is set) and REIE is set, the ESAI requests an ESAI receive data with exception
interrupt from the interrupt controller.

9.2.4.15 RCR Receive Interrupt Enable (RIE)—Bit 22

The DSP is interrupted when RIE and the RDF flag in the SAISR status register are set. When RIE is
cleared, this interrupt is disabled. Reading the receive data registers of the enabled receivers clears RDF,
thus clearing the interrupt.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor 31



Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

Receive interrupts with exception have higher priority than normal receive data interrupts, therefore if
exception occurs (ROE is set) and REIE is set, the ESAI requests an ESAI receive data with exception
interrupt from the interrupt controller.

9.2.4.16 RCR Receive Last Slot Interrupt Enable (RLIE)—Bit 23

RLIE enables an interrupt after the last slot of a frame ended in network mode only. When RLIE is set the
DSP is interrupted after the last slot in a frame ended regardless of the receive mask register setting. When
RLIE is cleared the receive last slot interrupt is disabled. Hardware and software reset clear RLIE. RLIE
is disabled when RDC[4:0]=00000 (on-demand mode). The use of the receive last slot interrupt is
described in Section 9.3.3, “ESAI Interrupt Requests.”

9.2.5 ESAI Common Control Register (SAICR)

The read/write Common Control Register (SAICR) contains control bits for functions that affect both the
receive and transmit sections of the ESAI. Figure 9-10 shows the ESAI Common Control register.

11 10 9 8 7 6 5 4 3 2 1 0
X:$FFFFB4 ALC | TEBE | SYN OF2 | OF1 | OF0
23 22 21 20 19 18 17 16 15 14 13 12

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-10. SAICR Register

Hardware and software reset clear all the bits in the SAICR register.

9.2.5.1 SAICR Serial Output Flag 0 (OF0)—Bit 0

The Serial Output Flag 0 (OF0) is a data bit used to hold data to be send to the OF0 pin. When the ESAI
is in the synchronous clock mode (SYN=1), the SCKR pin is configured as the ESAI flag 0. If the receiver
serial clock direction bit (RCKD) is set, the SCKR pin is the output flag OF0, and data present in the OF0
bit is written to the OFOQ pin at the beginning of the frame in normal mode or at the beginning of the next
time slot in network mode.

9.2.5.2 SAICR Serial Output Flag 1 (OF1)—Bit 1

The Serial Output Flag 1 (OF1) is a data bit used to hold data to be send to the OF1 pin. When the ESAI
is in the synchronous clock mode (SYN=1), the FSR pin is configured as the ESAI flag 1. If the receiver
frame sync direction bit (RFSD) is set and the TEBE bit is cleared, the FSR pin is the output flag OF1, and
data present in the OF1 bit is written to the OF1 pin at the beginning of the frame in normal mode or at the
beginning of the next time slot in network mode.
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9.2.5.3 SAICR Serial Output Flag 2 (OF2)—Bit 2

The Serial Output Flag 2 (OF2) is a data bit used to hold data to be send to the OF2 pin. When the ESAI
is in the synchronous clock mode (SYN=1), the HCKR pin is configured as the ESAI flag 2. If the receiver
high frequency clock direction bit (RHCKD) is set, the HCKR pin is the output flag OF2, and data present
in the OF2 bit is written to the OF2 pin at the beginning of the frame in normal mode or at the beginning
of the next time slot in network mode.

9.2.5.4 SAICR Reserved Bits—Bits 5-3, 23-9

These bits are reserved. They read as zero, and they should be written with zero for future compatibility.

9.2.5.5 SAICR Synchronous Mode Selection (SYN)—Bit 6

The Synchronous Mode Selection (SYN) bit controls whether the receiver and transmitter sections of the
ESAI operate synchronously or asynchronously with respect to each other (see Table 9-11). When SYN is
cleared, the asynchronous mode is chosen and independent clock and frame sync signals are used for the
transmit and receive sections. When SYN is set, the synchronous mode is chosen and the transmit and
receive sections use common clock and frame sync signals.

When in the synchronous mode (SYN=1), the transmit and receive sections use the transmitter section
clock generator as the source of the clock and frame sync for both sections. Also, the receiver clock pins
SCKR, FSR and HCKR now operate as I/O flags. See Table 9-7, Table 9-8, and Table 9-9 for the effects
of SYN on the receiver clock pins.

9.2.5.6 SAICR Transmit External Buffer Enable (TEBE)—Bit 7

The Transmitter External Buffer Enable (TEBE) bit controls the function of the FSR pin when in the
synchronous mode. If the ESAI is configured for operation in the synchronous mode (SYN=1), and TEBE
is set while FSR pin is configured as an output (RFSD=1), the FSR pin functions as the transmitter external
buffer enable control to enable the use of an external buffers on the transmitter outputs. If TEBE is cleared,
the FSR pin functions as the serial I/O flag 1. See Table 9-8 for a summary of the effects of TEBE on the
FSR pin.

9.2.5.7 SAICR Alignment Control (ALC)—Bit 8

The ESAI is designed for 24-bit fractional data, thus shorter data words are left aligned to the MSB (bit
23). Some applications use 16-bit fractional data. In those cases, shorter data words may be left aligned to
bit 15. The Alignment Control (ALC) bit supports these applications.

If ALC is set, transmitted and received words are left aligned to bit 15 in the transmit and receive shift
registers. If ALC is cleared, transmitted and received word are left aligned to bit 23 in the transmit and
receive shift registers.

NOTE

While ALC is set, 20-bit and 24-bit words may not be used, and word length
control should specify 8-, 12-, or 16-bit words; otherwise, results are
unpredictable.
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Figure 9-11. SAICR SYN Bit Operation

9.2.6 ESAI Status Register (SAISR)

The Status Register (SAISR) is a read-only status register used by the DSP to read the status and serial
input flags of the ESAI The status bits are described in the following paragraphs. Figure 9-12 shows the
ESALI Status register.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

34 Freescale Semiconductor



Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

1 10 9 8 7 6 5 4 3 2 1 0
X:$FFFFB3 RODF | REDF | RDF | ROE | RFS IF2 | IF1 IFO
23 22 21 20 19 18 17 16 15 14 13 12

TODE | TEDE | TDE | TUE | TFS

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-12. SAISR Register

9.2.6.1 SAISR Serial Input Flag 0 (IF0)—Bit 0

The IFO bit is enabled only when the SCKR pin is defined as ESAI in the Port Control Register, SYN=1
and RCKD=0, indicating that SCKR is an input flag and the synchronous mode is selected. Data present
on the SCKR pin is latched during reception of the first received data bit after frame sync is detected. The
IFO bit is updated with this data when the receiver shift registers are transferred into the receiver data
registers. IFQ reads as a zero when it is not enabled. Hardware, software, ESAI individual and STOP reset
clear IFO.

9.2.6.2 SAISR Serial Input Flag 1 (IF1)—Bit 1

The IF1 bit is enabled only when the FSR pin is defined as ESAI in the Port Control Register, SYN =1,
RFSD=0 and TEBE=0, indicating that FSR is an input flag and the synchronous mode is selected. Data
present on the FSR pin is latched during reception of the first received data bit after frame sync is detected.
The IF1 bit is updated with this data when the receiver shift registers are transferred into the receiver data
registers. IF1 reads as a zero when it is not enabled. Hardware, software, ESAI individual and STOP reset
clear IF1.

9.2.6.3 SAISR Serial Input Flag 2 (IF2)—Bit 2

The IF2 bit is enabled only when the HCKR pin is defined as ESAI in the Port Control Register, SYN=1
and RHCKD=0, indicating that HCKR is an input flag and the synchronous mode is selected. Data present
on the HCKR pin is latched during reception of the first received data bit after frame sync is detected. The
IF2 bit is updated with this data when the receive shift registers are transferred into the receiver data
registers. IF2 reads as a zero when it is not enabled. Hardware, software, ESAI individual and STOP reset
clear IF2.

9.2.6.4 SAISR Reserved Bits—Bits 5-3, 12-11, 23-18

These bits are reserved for future use. They read as zero.
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9.2.6.5 SAISR Receive Frame Sync Flag (RFS)—Bit 6

When set, RFS indicates that a receive frame sync occurred during reception of the words in the receiver
data registers. This indicates that the data words are from the first slot in the frame. When RFS is clear and
a word is received, it indicates (only in the network mode) that the frame sync did not occur during
reception of that word. RFS is cleared by hardware, software, ESAI individual, or STOP reset. RFS is valid
only if at least one of the receivers is enabled (REx=1).

NOTE

In normal mode, RFS always reads as a one when reading data because there
is only one time slot per frame—the “frame sync” time slot.

9.2.6.6 SAISR Receiver Overrun Error Flag (ROE)—Bit 7

The ROE flag is set when the serial receive shift register of an enabled receiver is full and ready to transfer
to its receiver data register (RXx) and the register is already full (RDF=1). If REIE is set, an ESAI receive
data with exception (overrun error) interrupt request is issued when ROE is set. Hardware, software, ESAI
individual and STOP reset clear ROE. ROE is also cleared by reading the SAISR with ROE set, followed
by reading all the enabled receive data registers.

9.2.6.7 SAISR Receive Data Register Full (RDF)—Bit 8

RDF is set when the contents of the receive shift register of an enabled receiver is transferred to the
respective receive data register. RDF is cleared when the DSP reads the receive data register of all enabled
receivers or cleared by hardware, software, ESAI individual, or STOP reset. If RIE is set, an ESAl receive
data interrupt request is issued when RDF is set.

9.2.6.8 SAISR Receive Even-Data Register Full (REDF)—Bit 9

When set, REDF indicates that the received data in the receive data registers of the enabled receivers have
arrived during an even time slot when operating in the network mode. Even time slots are all
even-numbered slots (0, 2, 4, 6, and so on). Time slots are numbered from zero to N-1, where N is the
number of time slots in the frame. The zero time slot is considered even. REDF is set when the contents
of the receive shift registers are transferred to the receive data registers. REDF is cleared when the DSP
reads all the enabled receive data registers or cleared by hardware, software, ESAI individual, or STOP
resets. If REDIE is set, an ESAI receive even slot data interrupt request is issued when REDF is set.

9.2.6.9 SAISR Receive Odd-Data Register Full (RODF)—Bit 10

When set, RODF indicates that the received data in the receive data registers of the enabled receivers have
arrived during an odd time slot when operating in the network mode. Odd time slots are all odd-numbered
slots (1, 3, 5, and so on). Time slots are numbered from zero to N-1, where N is the number of time slots
in the frame. RODF is set when the contents of the receive shift registers are transferred to the receive data
registers. RODF is cleared when the DSP reads all the enabled receive data registers or cleared by
hardware, software, ESAI individual, or STOP resets.
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9.2.6.10 SAISR Transmit Frame Sync Flag (TFS)—Bit 13

When set, TFS indicates that a transmit frame sync occurred in the current time slot. TFS is set at the start
of the first time slot in the frame and cleared during all other time slots. Data written to a transmit data
register during the time slot when TFS is set is transmitted (in network mode), if the transmitter is enabled,
during the second time slot in the frame. TFES is useful in network mode to identify the start of a frame.
TFES is cleared by hardware, software, ESAI individual, or STOP reset. TES is valid only if at least one
transmitter is enabled, that is, one or more of TEOQ, TE1, TE2, TE3, TE4 and TES are set.

NOTE

In normal mode, TFS always reads as a one when transmitting data because
there is only one time slot per frame—the “frame sync” time slot.

9.2.6.11 SAISR Transmit Underrun Error Flag (TUE)—Bit 14

TUE is set when at least one of the enabled serial transmit shift registers is empty (no new data to be
transmitted) and a transmit time slot occurs. When a transmit underrun error occurs, the previous data
(which is still present in the TX registers that were not written) is retransmitted. If TEIE is set, an ESAI
transmit data with exception (underrun error) interrupt request is issued when TUE is set. Hardware,
software, ESAl individual and STOP reset clear TUE. TUE is also cleared by reading the SAISR with TUE
set, followed by writing to all the enabled transmit data registers or to TSR.

9.2.6.12 SAISR Transmit Data Register Empty (TDE)—Bit 15

TDE is set when the contents of the transmit data register of all the enabled transmitters are transferred to
the transmit shift registers; it is also set for a TSR disabled time slot period in network mode (as if data
were being transmitted after the TSR was written). When set, TDE indicates that data should be written to
all the TX registers of the enabled transmitters or to the time slot register (TSR). TDE is cleared when the
DSP writes to all the transmit data registers of the enabled transmitters, or when the DSP writes to the TSR
to disable transmission of the next time slot. If TIE is set, an ESAI transmit data interrupt request is issued
when TDE is set. Hardware, software, ESAI individual and STOP reset clear TDE.

9.2.6.13 SAISR Transmit Even-Data Register Empty (TEDE)—Bit 16

When set, TEDE indicates that the enabled transmitter data registers became empty at the beginning of an
even time slot. Even time slots are all even-numbered slots (0, 2, 4, 6, etc.). Time slots are numbered from
zero to N-1, where N is the number of time slots in the frame. The zero time slot is considered even. This
flag is set when the contents of the transmit data register of all the enabled transmitters are transferred to
the transmit shift registers; it is also set for a TSR disabled time slot period in network mode (as if data
were being transmitted after the TSR was written). When set, TEDE indicates that data should be written
to all the TX registers of the enabled transmitters or to the time slot register (TSR). TEDE is cleared when
the DSP writes to all the transmit data registers of the enabled transmitters, or when the DSP writes to the
TSR to disable transmission of the next time slot. If TIE is set, an ESAI transmit data interrupt request is
issued when TEDE is set. Hardware, software, ESAI individual and STOP reset clear TEDE.
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9.2.6.14 SAISR Transmit Odd-Data Register Empty (TODE)—Bit 17

When set, TODE indicates that the enabled transmitter data registers became empty at the beginning of an
odd time slot. Odd time slots are all odd-numbered slots (1, 3, 5, and so on). Time slots are numbered from
zero to N-1, where N is the number of time slots in the frame. This flag is set when the contents of the
transmit data register of all the enabled transmitters are transferred to the transmit shift registers; it is also
set for a TSR disabled time slot period in network mode (as if data were being transmitted after the TSR
was written). When set, TODE indicates that data should be written to all the TX registers of the enabled
transmitters or to the time slot register (TSR). TODE is cleared when the DSP writes to all the transmit
data registers of the enabled transmitters, or when the DSP writes to the TSR to disable transmission of the
next time slot. If TIE is set, an ESAI transmit data interrupt request is issued when TODE is set. Hardware,
software, ESAI individual and STOP reset clear TODE.
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(a) Receive Registers

23 16 15 8 7 0
ESAI RECEIVE DATA REGISTER
RECEIVE HIGH BYTE RECEIVE MIDDLE BYTE RECEIVE LOW BYTE (READ ONLY)
7 A 0o 7 A 07 A 0
23 16 15 8 7 0
SERIAL
RECEIVE RECEIVE HIGH BYTE RECEIVE MIDDLE BYTE RECEIVE LOW BYTE
SHIFT | < <
REGISTER
7 0A7 A O0A7 A 0 24BIT
20BIT -
16 BIT ° SDI
12 BIT
®
8BIT
® < RSWS4-
MSB LSB RSWS0
l«—— 8-BIT DATA «— 0 —l— 0 —>|«— 0 <«— 0 —» LEAST SIGNIFICANT
ZERO FILL
MSB LSB
l€«————— 12-BITDATA ————
MSB LSB
< 16-BIT DATA >
MSB LSB
- 20-BIT DATA
MSB LSB
- 24-BIT DATA >
NOTES:
1.Data is received MSB first if RSHFD=0.
(b) Transmit Registers 2, 24-bit fractional format (ALC=0).
3. 32-bit mode is not shown.
23 16 15 8 7 0
ESAI TRANSMIT DATA
TRANSMIT HIGH BYTE TRANSMIT MIDDLE BYTE TRANSMIT LOW BYTE REGISTER
(WRITE ONLY)
7 0 7 07 0
23  / 16 15  / 8 7 4 0
TRANSMIT HIGH BYTE TRANSMIT MIDDLE BYTE TRANSMIT LOW BYTE ESAI TRANSMIT
SDO — B B SHIFT REGISTER
7 0 7 07 0
MSB LSB
l€«—  8-BIT DATA —>|<— * —pla— * —»|«— * —»|«— * —»| *-LEASTSIGNIFICANT
BIT FILL
MSB LSB
l«———— 12-BITDATA ———————
MSB LSB
- 16-BIT DATA >
MSB
-« 20-BIT DATA LSB
MSB LSB
< 24-BIT DATA >

NOTES:
1. Data is sent MSB first if TSHFD=0.
2. 24-bit fractional format (ALC=0).
3. 32-bit mode is not shown.
4. Data word is left-aligned (TWA=0,PADC=0).

Figure 9-13. ESAI Data Path Programming Model ([R/T]SHFD=0)
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(a) Receive Registers

23 16 15 8 7 0
ESAI RECEIVE DATA REGISTER
RECEIVE HIGH BYTE RECEIVE MIDDLE BYTE RECEIVE LOW BYTE (READ ONLY)
7 0 7 0 7 0
23 16 15 8 7 0
DI RECEIVEHIGHBYTE A RECEIVEMIDDLEBYTE A RECEIVE LOWBYTE ESAI RECEIVE
> > > SHIFT REGISTER
7 0 7 07 0
MSB LSB
l«— 8-BITDATA —>|<— 0 —pla— 0 —»|€«— 0 —|«— 0 —} ;EQ%TF?fN'HCANT
MSB LSB
«———— 12-BITDATA ——————
MSB LSB
- 16-BIT DATA >
MSB LSB
< 20-BIT DATA
MSB LSB
< 24-BIT DATA >

NOTES:
1. Datais received LSB first if RSHFD=1.
2. 24-bit fractional format (ALC=0).
3. 32-bit mode is not shown.

(b) Transmit Registers

23 16 15 8 7 0
TRANSMIT HIGH BYTE TRANSMIT MIDDLE BYTE TRANSMIT LOW BYTE
7 0 7 0 7 0
ESAI TRANSMIT DATA
23 ¥ 16 15 Y 8 7 \ 0 REGISTER
(WRITE ONLY)
TRANSMIT HIGH BYTE TRANSMIT MIDDLE BYTE TRANSMIT LOW BYTE ESAI TRANSMIT

SHIFT REGISTER

. . L
> > >

7 07 07 0
20 BIT
16 BIT
12 BIT SDO
>0
8 BIT _
>0 <
TSWS4-
MSB LsB TSWSO
<«— 8BITDATA —p|e€— 0 —pla— 0 —»|j€— 0 —»|€— 0 —»
MSB LSB
«—— 12-BITDATA — ]
MSB LSB
< 16-BIT DATA >
<SB 20-BIT DATA LSB o,
MSB LSB
- 24-BIT DATA '

NOTES:
1. Datais sent LSB first if TSHFD=1.
2. 24-bit fractional format (ALC=0).
3. 32-bit mode is not shown.
4. Data word is left aligned (TWA=0,PADC=1).

Figure 9-14. ESAI Data Path Programming Model ([R/T]SHFD=1)
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9.2.7 ESAI Receive Shift Registers

The receive shift registers (Figure 9-13 and Figure 9-14) receive the incoming data from the serial receive
data pins. Data is shifted in by the selected (internal/external) bit clock when the associated frame sync I/O
is asserted. Data is assumed to be received MSB first if RSHFD=0 and LSB first if RSHFD=1. Data is
transferred to the ESAI receive data registers after 8, 12, 16, 20, 24, or 32 serial clock cycles were counted,
depending on the slot length control bits in the RCR register.

9.2.8 ESAI Receive Data Registers (RX3, RX2, RX1, RXO0)

RX3, RX2, RX1, and RX0 are 24-bit read-only registers that accept data from the receive shift registers
when they become full (Figure 9-13 and Figure 9-14). The data occupies the most significant portion of
the receive data registers, according to the ALC control bit setting. The unused bits (least significant
portion and 8 most significant bits when ALC=1) read as zeros. The DSP is interrupted whenever RXx
becomes full if the associated interrupt is enabled.

9.2.9 ESAI Transmit Shift Registers

The transmit shift registers contain the data being transmitted (Figure 9-13 and Figure 9-14). Data is
shifted out to the serial transmit data pins by the selected (internal/external) bit clock when the associated
frame sync I/O is asserted. The number of bits shifted out before the shift registers are considered empty
and may be written to again can be 8, 12, 16, 20, 24 or 32 bits (determined by the slot length control bits
in the TCR register). Data is shifted out of these registers MSB first if TSHFD=0 and LSB first if
TSHFD=1.

9.2.10 ESAI Transmit Data Registers (TX5, TX4, TX3, TX2,TX1,TX0)

TXS5, TX4, TX3, TX2, TX1 and TXO0 are 24-bit write-only registers. Data to be transmitted is written into
these registers and is automatically transferred to the transmit shift registers (Figure 9-13 and Figure 9-14).
The data written (8, 12, 16, 20, or 24 bits) should occupy the most significant portion of the TXx according
to the ALC control bit setting. The unused bits (least significant portion and the 8 most significant bits
when ALC=1) of the TXXx are don’t care bits. The DSP is interrupted whenever the TXx becomes empty
if the transmit data register empty interrupt has been enabled.

9.2.11 ESAI Time Slot Register (TSR)

The write-only Time Slot Register (TSR) is effectively a null data register that is used when the data is not
to be transmitted in the available transmit time slot. The transmit data pins of all the enabled transmitters
are in the high-impedance state for the respective time slot where TSR has been written. The Transmitter
External Buffer Enable pin (FSR pin when SYN=1, TEBE=1, RFSD=1) disables the external buffers
during the slot when the TSR register has been written.

9.2.12 Transmit Slot Mask Registers (TSMA, TSMB)

The Transmit Slot Mask Registers (TSMA and TSMB) are two read/write registers used by the transmitters
in network mode to determine for each slot whether to transmit a data word and generate a transmitter
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empty condition (TDE=1), or to tri-state the transmitter data pins. TSMA and TSMB should each be
considered as containing half a 32-bit register TSM. Bit number N in TSM (TS**) is the enable/disable
control bit for transmission in slot number N. Figure 9-15 and Figure 9-16 show the Transmit Slot Mask

registers.

11 10 9 8 7 6 5 4 3 2 1 0

X:$FFFFB9 | TS11 | TS10 | TS9 | TS8 | TS7 | TS6 | TS5 | TS4 | TS3 | TS2 | TS1 | TSO
23 22 21 20 19 18 17 16 15 14 13 12

TS15 | TS14 | TS13 | TS12

Reserved bit—read as zero; should be written with zero for future compatibility.
Figure 9-15. TSMA Register

11 10 9 8 7 6 5 4 3 2 1 0

X:$FFFFBA | TS27 | TS26 | TS25 | TS24 | TS23 | TS22 | TS21 | TS20 | TS19 | TS18 | TS17 | TS16
23 22 21 20 19 18 17 16 15 14 13 12

TS31 | TS30 | TS29 | TS28

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-16. TSMB Register

When bit number N in TSM is cleared, all the transmit data pins of the enabled transmitters are tri-stated
during transmit time slot number N. The data is still transferred from the transmit data registers to the
transmit shift registers but neither the TDE nor the TUE flags are set. This means that during a disabled
slot, no transmitter empty interrupt is generated. The DSP is interrupted only for enabled slots. Data that
is written to the transmit data registers when servicing this request is transmitted in the next enabled
transmit time slot.

When bit number N in TSM register is set, the transmit sequence is as usual: data is transferred from the
TX registers to the shift registers and transmitted during slot number N, and the TDE flag is set.

Using the slot mask in TSM does not conflict with using TSR. Even if a slot is enabled in TSM, the user
may choose to write to TSR instead of writing to the transmit data registers TXx. This causes all the
transmit data pins of the enabled transmitters to be tri-stated during the next slot.

Data written to the TSM affects the next frame transmission. The frame being transmitted is not affected
by this data and would comply to the last TSM setting. Data read from TSM returns the last written data.
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After hardware or software reset, the TSM register is preset to SFFFFFFFF, which means that all 32
possible slots are enabled for data transmission.

NOTE

When operating in normal mode, bit O of the mask register must be set,
otherwise no output is generated.

9.2.13 Receive Slot Mask Registers (RSMA, RSMB)

The Receive Slot Mask Registers (RSMA and RSMB) are two read/write registers used by the receiver in
network mode to determine for each slot whether to receive a data word and generate a receiver full
condition (RDF=1), or to ignore the received data. RSMA and RSMB should be considered as each
containing half of a 32-bit register RSM. See Bit number N in RSM (RS**) is an enable/disable control
bit for receiving data in slot number N. Figure 9-17 and Figure 9-18 show the Receive Slot Mask registers.

X:$FFFFBB | Rs11 | RS10 | RS9 | RS8 | RS7 | RS6 | RS5 | RS4 | RS3 | RS2 | RS1 | RSO

23 22 21 20 19 18 17 16 15 14 13 12
RS15 | RS14 | RS13 | RS12

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-17. RSMA Register

11 10 9 8 7 6 5 4 3 2 1 0
X:$FFFFBC | Rs27 | RS26 | RS25 | RS24 | RS23 | RS22 | RS21 | RS20 | RS19 | RS18 | RS17 | RS16

23 22 21 20 19 18 17 16 15 14 13 12
RS31 | RS30 | RS29 | RS28

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-18. RSMB Register

When bit number N in the RSM register is cleared, the data from the enabled receivers input pins are
shifted into their receive shift registers during slot number N. The data is not transferred from the receive
shift registers to the receive data registers, and neither the RDF nor the ROE flag is set. This means that
during a disabled slot, no receiver full interrupt is generated. The DSP is interrupted only for enabled slots.

When bit number N in the RSM is set, the receive sequence is as usual: data which is shifted into the
enabled receivers shift registers is transferred to the receive data registers and the RDF flag is set.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor 43



Enhanced Serial Audio Interface (ESAI, ESAI_1, ESAI_2, ESAI_3)

Data written to the RSM affects the next received frame. The frame being received is not affected by this
data and would comply to the last RSM setting. Data read from RSM returns the last written data.

After hardware or software reset, the RSM register is preset to SFFFFFFFF, which means that all 32
possible slots are enabled for data reception.

NOTE

When operating in normal mode, bit O of the mask register must be set to
one, otherwise no input is received.

9.3 Operating Modes

ESAI operating mode are selected by the ESAI control registers (TCCR, TCR, RCCR, RCR, and SAICR).
The main operating mode are described in the following paragraphs.

9.3.1 ESAI After Reset

Hardware or software reset clears the port control register bits and the port direction control register bits,
which configure all ESAI I/O pins as disconnected. The ESAI is in the individual reset state while all ESAI
pins are programmed as GPIO or disconnected, and it is active only if at least one of the ESAI I/O pins is
programmed as an ESAI pin.

9.3.2 ESAI Initialization

The correct way to initialize the ESAI is as follows:
Hardware, software, ESAI individual, or STOP reset.
Program ESAI control and time slot registers.

w =

Write data to all the enabled transmitters.
4. Configure at least one pin as ESAI pin.

During program execution, all ESAI pins may be defined as GPIO or disconnected, causing the ESAI to
stop serial activity and enter the individual reset state. All status bits of the interface are set to their reset
state; however, the control bits are not affected. This procedure allows the DSP programmer to reset the
ESAI separately from the other internal peripherals. During individual reset, internal DMA accesses to the
data registers of the ESAI are not valid and data read is undefined.

The DSP programmer must use an individual ESAI reset when changing the ESAI control registers (except
for TEIE, REIE, TLIE, RLIE, TIE, RIE, TEO-TES, REO-RE3) to ensure proper operation of the interface.

NOTE

If the ESAl receiver section is already operating with some of the receivers,
enabling additional receivers on the fly, that is, without first putting the
ESAI receiver in the personal reset state, by setting their REx control bits
will result in erroneous data being received as the first data word for the
newly enabled receivers.
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ESAI Interrupt Requests

The ESAI can generate eight different interrupt requests (ordered from the highest to the lowest priority):

1.

ESAI Receive Data with Exception Status:

Occurs when the receive exception interrupt is enabled (REIE=1 in the RCR register), at least one
of the enabled receive data registers is full (RDF=1) and a receiver overrun error has occurred
(ROE=1 in the SAISR register). ROE is cleared by first reading the SAISR and then reading all the
enabled receive data registers.

ESAI Receive Even Data:

Occurs when the receive even slot data interrupt is enabled (REDIE=1), at least one of the enabled
receive data registers is full (RDF=1), the data is from an even slot (REDF=1) and no exception has
occurred (ROE=0 or REIE=0).

Reading all enabled receiver data registers clears RDF and REDF.

ESAI Receive Data:

Occurs when the receive interrupt is enabled (RIE=1), at least one of the enabled receive data
registers is full (RDF=1), no exception has occurred (ROE=0 or REIE=0) and no even slot interrupt
has occurred (REDF=0 or REDIE=0).

Reading all enabled receiver data registers clears RDF.

ESAI Receive Last Slot Interrupt:

Occurs, if enabled (RLIE=1), after the last slot of the frame has ended (in network mode only)
regardless of the receive mask register setting. The receive last slot interrupt may be used for
resetting the receive mask slot register, reconfiguring the DMA channels and reassigning data
memory pointers. Using the receive last slot interrupt guarantees that the previous frame was
serviced with the previous setting and the new frame is serviced with the new setting without
synchronization problems. Note that the maximum receive last slot interrupt service time should
not exceed N-1 ESAI bits service time (where N is the number of bits in a slot).

ESAI Transmit Data with Exception Status:

Occurs when the transmit exception interrupt is enabled (TEIE=1), at least one transmit data
register of the enabled transmitters is empty (TDE=1) and a transmitter underrun error has occurred
(TUE=1). TUE is cleared by first reading the SAISR and then writing to all the enabled transmit
data registers, or to the TSR register.

ESAI Transmit Last Slot Interrupt:

Occurs, if enabled (TLIE=1), at the start of the last slot of the frame in network mode regardless of
the transmit mask register setting. The transmit last slot interrupt may be used for resetting the
transmit mask slot register, reconfiguring the DMA channels and reassigning data memory
pointers. Using the transmit last slot interrupt guarantees that the previous frame was serviced with
the previous setting and the new frame is serviced with the new setting without synchronization
problems. Note that the maximum transmit last slot interrupt service time should not exceed N-1
ESALI bits service time (where N is the number of bits in a slot).

ESAI Transmit Even Data:

Occurs when the transmit even slot data interrupt is enabled (TEDIE=1), at least one of the enabled
transmit data registers is empty (TDE=1), the slot is an even slot (TEDE=1) and no exception has
occurred (TUE=0 or TEIE=0).

Writing to all the TX registers of the enabled transmitters or to TSR clears this interrupt request.
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8. ESAI Transmit Data:
Occurs when the transmit interrupt is enabled (TIE=1), at least one of the enabled transmit data
registers is empty (TDE=1), no exception has occurred (TUE=0 or TEIE=0) and no even slot
interrupt has occurred (TEDE=0 or TEDIE=0).
Writing to all the TX registers of the enabled transmitters, or to the TSR clears this interrupt
request.

9.34 Operating Modes—Normal, Network and On-Demand

The ESALI has three basic operating modes and many data/operation formats.

9.3.4.1 Normal/Network/On-Demand Mode Selection

Selecting between the normal mode and network mode is accomplished by clearing or setting the
TMODO-TMODI bits in the TCR register for the transmitter section, as well as in the RMOD0O-RMOD1
bits in the RCR register for the receiver section.

For normal mode, the ESAI functions with one data word of I/O per frame (per enabled transmitter or
receiver). The normal mode is typically used to transfer data to/from a single device.

For the network mode, 2 to 32 time slots per frame may be selected. During each frame, 0 to 32 data words
of I/0 may be received/transmitted. In either case, the transfers are periodic. The frame sync signal
indicates the first time slot in the frame. Network mode is typically used in time division multiplexed
(TDM) networks of codecs, DSPs with multiple words per frame, or multi-channel devices.

Selecting the network mode and setting the frame rate divider to zero (DC=00000) selects the on-demand
mode. This special case does not generate a periodic frame sync. A frame sync pulse is generated only
when data is available to transmit. The on-demand mode requires that the transmit frame sync be internal
(output) and the receive frame sync be external (input). Therefore, for simplex operation, the synchronous
mode could be used; however, for full-duplex operation, the asynchronous mode must be used. Data
transmission that is data driven is enabled by writing data into each TX. Although the ESAI is double
buffered, only one word can be written to each TX, even if the transmit shift register is empty. The receive
and transmit interrupts function as usual using TDE and RDF; however, transmit underruns are impossible
for on-demand transmission and are disabled.

9.3.4.2 Synchronous/Asynchronous Operating Modes

The transmit and receive sections of the ESAI may be synchronous or asynchronous, that is, the transmitter
and receiver sections may use common clock and synchronization signals (synchronous operating mode),
or they may have their own separate clock and sync signals (asynchronous operating mode). The SYN bit
in the SAICR register selects synchronous or asynchronous operation. Since the ESAI is designed to
operate either synchronously or asynchronously, separate receive and transmit interrupts are provided.

When SYN is cleared, the ESAI transmitter and receiver clocks and frame sync sources are independent.
If SYN is set, the ESAI transmitter and receiver clocks and frame sync come from the transmitter section
(either external or internal sources).
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Data clock and frame sync signals can be generated internally by the DSP or may be obtained from external
sources. If internally generated, the ESAI clock generator is used to derive high frequency clock, bit clock
and frame sync signals from the DSP internal system clock.

9.3.4.3 Frame Sync Selection

The frame sync can be either a bit-long or word-long signal. The transmitter frame format is defined by
the TFSL bit in the TCR register. The receiver frame format is defined by the RFSL bit in the RCR register.

1. In the word-long frame sync format, the frame sync signal is asserted during the entire word data
transfer period. This frame sync length is compatible with codecs, SPI serial peripherals, serial A/D
and D/A converters, shift registers and telecommunication PCM serial I/O.

2. In the bit-long frame sync format, the frame sync signal is asserted for one bit clock immediately
before the data transfer period. This frame sync length is compatible with Intel and National
components, codecs and telecommunication PCM serial I/O.

The relative timing of the word length frame sync as referred to the data word is specified by the TFSR bit
in the TCR register for the transmitter section and by the RFSR bit in the RCR register for the receive

section. The word length frame sync may be generated (or expected) with the first bit of the data word, or
with the last bit of the previous word. TFSR and RFSR are ignored when a bit length frame sync is selected.

Polarity of the frame sync signal may be defined as positive (asserted high) or negative (asserted low). The
TESP bit in the TCCR register specifies the polarity of the frame sync for the transmitter section. The
RFSP bit in the RCCR register specifies the polarity of the frame sync for the receiver section.

The ES Al receiver looks for a receive frame sync leading edge (trailing edge if RFSP is set) only when the
previous frame is completed. If the frame sync goes high before the frame is completed (or before the last
bit of the frame is received in the case of a bit frame sync or a word length frame sync with RFSR set), the
current frame sync is not recognized, and the receiver is internally disabled until the next frame sync.
Frames do not have to be adjacent, that is, a new frame sync does not have to immediately follow the
previous frame. Gaps of arbitrary periods can occur between frames. Enabled transmitters are tri-stated
during these gaps.

When operating in the synchronous mode (SYN=1), all clocks including the frame sync are generated by
the transmitter section.

9.3.4.4 Shift Direction Selection

Some data formats, such as those used by codecs, specify MSB first while other data formats, such as the
AES-EBU digital audio interface, specify LSB first. The MSB/LSB first selection is made by
programming RSHFD bit in the RCR register for the receiver section and by programming the TSHFD bit
in the TCR register for the transmitter section.

9.3.5 Serial I/O Flags

Three ESAI pins (FSR, SCKR and HCKR) are available as serial I/O flags when the ESAI is operating in
the synchronous mode (SYN=1). Their operation is controlled by RCKD, RFSD, TEBE bits in the RCR,
RCCR and SAICR registers.The output data bits (OF2, OF1 and OFO0) and the input data bits (IF2, IF1 and
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IF0) are double buffered to/from the HCKR, FSR and SCKR pins. Double buffering the flags keeps them
in sync with the TX and RX data lines.

Each flag can be separately programmed. Flag 0 (SCKR pin) direction is selected by RCKD, RCKD=1 for
output and RCKD=0 for input. Flag 1 (FSR pin) is enabled when the pin is not configured as external
transmitter buffer enable (TEBE=0) and its direction is selected by RFSD, RFSD=1 for output and
RFSD=0 for input. Flag 2 (HCKR pin) direction is selected by RHCKD, RHCKD=1 for output and
RHCKD=0 for input.

When programmed as input flags, the SCKR, FSR and HCKR logic values, respectively, are latched at the
same time as the first bit of the receive data word is sampled. Because the input was latched, the signal on
the input flag pin (SCKR, FSR or HCKR) can change without affecting the input flag until the first bit of
the next receive data word. When the received data words are transferred to the receive data registers, the
input flag latched values are then transferred to the IF0, IF1 and IF2 bits in the SAISR register, where they
may be read by software.

When programmed as output flags, the SCKR, FSR and HCKR logic values are driven by the contents of
the OF0, OF1 and OF2 bits in the SAICR register respectively, and they are driven when the transmit data
registers are transferred to the transmit shift registers. The value on SCKR, FSR and HCKR is stable from
the time the first bit of the transmit data word is transmitted until the first bit of the next transmit data word
is transmitted. Software may change the OF0-OF2 values thus controlling the SCKR, FSR and HCKR pin
values for each transmitted word. The normal sequence for setting output flags when transmitting data is
as follows: wait for TDE (transmitter empty) to be set; first write the flags, and then write the transmit data
to the transmit registers. OF0, OF1, and OF2 are double buffered so that the flag states appear on the pins
when the transmit data is transferred to the transmit shift register, that is, the flags are synchronous with
the data.

9.4 GPIO—Pins and Registers

The GPIO functionality of the ESAI port is controlled by three registers: Port C control register (PCRC),
Port C direction register (PRRC) and Port C data register (PDRC).

9.4.1 Port C Control Register (PCRC)

The read/write 24-bit Port C Control Register (PCRC) in conjunction with the Port C Direction Register
(PRRC) controls the functionality of the ESAI GPIO pins. Each of the PC(11:0) bits controls the
functionality of the corresponding port pin. Table 9-12 provides the port pin configurations. Hardware and
software reset clear all PCRC bits.

9.4.2 Port C Direction Register (PRRC)

The read/write 24-bit Port C Direction Register (PRRC) in conjunction with the Port C Control Register
(PCRC) controls the functionality of the ESAI GPIO pins. Table 9-12 provides the port pin configurations.
Hardware and software reset clear all PRRC bits.
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Table 9-12. PCRC and PRRC Bits Functionality

PDCIi] PCIi] Port Pin[i] Function
0 0 disconnected
0 1 GPIO input
1 0 GPIO output
1 1 ESAI
1 10 9 8 7 6 5 4 3 2 1 0

X:$FFFFBF | pc11 | PC10 | PCO | PC8 | PC7 | PC6 | PC5 | PC4 | PC3 | PC2 | PC1 | PCO

23 22 21 20 19 18 17 16 15 14 13 12

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-19. PCRC Register

11 10 9 8 7 6 5 4 3 2 1 0

X:$FFFFBE |PDC11|PDC10| PDC9 | PDC8 | PDC7 | PDC6 | PDC5 | PDC4 | PDC3 | PDC2 | PDC1 | PDCO

23 22 21 20 19 18 17 16 15 14 13 12

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-20. PRRC Register

9.4.3 Port C Data Register (PDRC)

The read/write 24-bit Port C Data Register is used to read or write data to/from ESAI GPIO pins. Bits
PD(11:0) are used to read or write data from/to the corresponding port pins if they are configured as GPIO.
If a port pin [i] is configured as a GPIO input, the corresponding PD[1] bit reflects the value present on this
pin. If a port pin [i] is configured as a GPIO output, the value written into the corresponding PD[i] bit is
reflected on this pin. If a port pin [i] is configured as disconnected, the corresponding PD[i] bit is not reset
and contains undefined data. Figure 9-21 shows the Port C Data register.
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11 10 9 8 7 6 5 4 3 2 1 0

X:$FFFFBD| pp11 | PD10 | PD9 | PD8 | PD7 | PD6 | PD5 | PD4 | PD3 | PD2 | PD1 | PDO

23 22 21 20 19 18 17 16 15 14 13 12

Reserved bit—read as zero; should be written with zero for future compatibility.

Figure 9-21. PDRC Register

9.5 ESAI Initialization Examples

9.5.1 Initializing the ESAI Using Individual Reset

* The ESAI should be in its individual reset state (PCRC = $000 and PRRC = $000). In the individual
reset state, both the transmitter and receiver sections of the ESAI are simultaneously reset. The
TPR bit in the TCR register may be used to reset the transmitter section only. The RPR bit in the
RCR register may be used to reset the receiver section only.

* Configure the control registers (TCCR, TCR, RCCR, RCR) according to the operating mode, but
do not enable transmitters (TES-TEO = $0) or receivers (RE3-REO0 = $0). It is possible to set the
interrupt enable bits which are in use during the operation (no interrupt occurs).

* Enable the ESAI by setting the PCRC register and PRRC register bits according to pins which are
in use during operation.

*  Write the first data to be transmitted to the transmitters which are in use during operation.
This step is needed even if DMA is used to service the transmitters.

* Enable the transmitters and receivers.
* From now on ESAI can be serviced either by polling, interrupts, or DMA.

Operation proceeds as follows:

* For internally generated clock and frame sync, these signals are active immediately after ESAI is
enabled (step 3 above).

* Data is received only when one of the receive enable (REx) bits is set and after the occurrence of
frame sync signal (either internally or externally generated).

* Data is transmitted only when the transmitter enable (TEX) bit is set and after the occurrence of
frame sync signal (either internally or externally generated). The transmitter outputs remain
tri-stated after TEx bit is set until the frame sync occurs.

9.5.2 Initializing Only the ESAI Transmitter Section

e Itis assumed that the ESAI is operational; that is, at least one pin is defined as an ESAI pin.
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* The transmitter section should be in its personal reset state (TPR = 1).

* Configure the control registers TCCR and TCR according to the operating mode, making sure to
clear the transmitter enable bits (TEO-TES). TPR must remain set.

» Take the transmitter section out of the personal reset state by clearing TPR.

*  Write first data to the transmitters which will be used during operation. This step is needed even if
DMA is used to service the transmitters.

* Enable the transmitters by setting their TE bits.

* Data is transmitted only when the transmitter enable (TEX) bit is set and after the occurrence of
frame sync signal (either internally or externally generated). The transmitter outputs remain
tri-stated after TEx bit is set until the frame sync occurs.

* From now on the transmitters are operating and can be serviced either by polling, interrupts, or
DMA.

9.5.3 Initializing Only the ESAI Receiver Section

e Itis assumed that the ESAI is operational; that is, at least one pin is defined as an ESAI pin.

* The receiver section should be in its personal reset state (RPR = 1).

* Configure the control registers RCCR and RCR according to the operating mode, making sure to
clear the receiver enable bits (REO—RE3). RPR must remain set.

» Take the receiver section out of the personal reset state by clearing RPR.

* Enable the receivers by setting their RE bits.

* From now on the receivers are operating and can be serviced either by polling, interrupts, or DMA.

9.6 ESAI/ESAI_2 and ESAI_1/ESAI_3 Pin Switch

To support more flexible applications, a pin switch between ESAI and ESAI_2 (or ESAI_1 and ESAI_3)
can be enabled. Each pin of ESAI can be assigned to ESAI_2 with same function; and at the same time,
the same function pin of the ESAI_2 is assigned to ESAI In the same way, each functional pin can also be
switched between ESAI_1 and ESAI3. The switch feature of each pair of function pins can be controlled
independently; the control bits for all pairs of ESAI/ESAI_2 and ESAI_1/ESAI_3 pins are in the Chip
Configuration Registers; details are in Chapter 21, “Chip Configuration Module.

This feature is especially useful in smaller packages; Using the pin switch feature, the bonded out ESAI
group pins can be used by the DSP Core-0’s ESAI, or by DSP Core-1’s ESAI_2 block when the switch
feature is enabled for all of the ESAI pins. Even more, some of the pins can be assigned to ESAI while the
other pins are being used by ESAI_2; when active, these pins switch control bits.

GPIO function is part of the function of the ESAI blocks, so the pin switch feature also affects the GP1O
function. For example, some of the ESAI pins can be configured as GPIO Port C pins, controlled by
Core-0; if the control of these pins is switched, then these pins can be used as GPIO Port C1, controlled
by Core-1.
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9.7 Internal Clock Connections Between ESAI and ESAI_1, ESAI_2
and ESAL_3

In smaller packages, the clock and frame sync pins of ESAI_1 and ESAI_2 are not be bonded out, while
the clock and frame sync pins ESAI, ESAI_3 are bonded out. Using internal clock connection logic,
ESAI_I can be connected to the ESAI pin-out clocks and frame sync pins internally, and also ESAI_2 can
be connected to the ESAI_3 pin-out clocks and frame sync pins internally. For more information about
this, see Chapter 21, “Chip Configuration Module.
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Chapter 10
Serial Host Interface (SHI, SHI_1)

10.1

Introduction

The Serial Host Interface (SHI) is a serial I/O interface that provides a communication path for
program/coefficient data transfers between the DSP and an external host processor. The SHI can also
communicate with other serial peripheral devices.

The SHI supports two well-known and widely used synchronous serial buses: the Serial Peripheral
Interface (SPI) bus and the Philips Inter-Integrated-Circuit Control (I>C) bus. The SHI supports both bus
protocols, as either a slave or a single-master device. To minimize DSP overhead, the SHI supports 8-bit,
16-bit and 24-bit data transfers. The SHI has a 1 or 10-word receive FIFO that permits receiving up to 30
bytes before generating a receive interrupt, reducing the overhead for data reception.

NOTE

The DSP56720/DSP56721 has two SHI modules: SHI, SHI_1. The only
difference between SHI and SHI_1 is that SHI is used by DSP Core-0 and
SHI_1 is used by DSP Core-1. Only SHI is described in detail in this
chapter.

When configured in the SPI mode, the SHI can perform the following functions:

Identify its slave selection (in slave mode)

Simultaneously transmit (shift out) and receive (shift in) serial data

Directly operate with 8-, 16- and 24-bit words

Generate vectored interrupts separately for receive and transmit events, and update status bits
Generate a separate vectored interrupt for a receive exception

Generate a separate vectored interrupt for a bus-error exception

Generate the serial clock signal (in master mode)

Trigger DMA interrupts to service the transmit and receive events

When configured in the I>C mode, the SHI can perform the following functions:

Detect/generate start and stop events

Identify its slave (ID) address (in slave mode)

Identitfy the transfer direction (receive/transmit)
Transfer data byte-wise according to the SCL clock line
Generate ACK signal following a byte receive

Inspect ACK signal following a byte transmit

Directly operate with 8-, 16- and 24-bit words
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* Generate vectored interrupts separately for receive and transmit events, and update status bits
* Generate a separate vectored interrupt for a receive exception

* Generate a separate vectored interrupt for a bus error exception

* Generate the clock signal (in master mode)

* Trigger DMA interrupts to service the transmit and receive events

10.2 Serial Host Interface Internal Architecture

The DSP core views the SHI as a memory-mapped peripheral in the X data memory space. The DSP uses
the SHI as a normal memory-mapped peripheral using standard polling, interrupt programming
techniques, or DMA transfers. Memory mapping enables the DSP to communicate with the SHI registers
using standard instructions and addressing modes. In addition, the MOVEP instruction allows
interface-to-memory and memory-to-interface data transfers without going through an intermediate
register. The DMA controller can be used to service the receive or transmit data paths. The single master
configuration allows the DSP to directly connect to dumb peripheral devices; for that purpose, a
programmable baud-rate generator is included to generate the clock signal for serial transfers. The host
side invokes the SHI for communication and data transfers with the DSP through a shift register that can
be accessed serially, using either the IC or the SPI bus protocols. Figure 10-1 shows the SHI block
diagram.

DSP Gilobal
Data Bus
Clock
—> Generator <
HCKR 4+—P)
SCK/SCL 4—P» DSP Global
DMA Data
HCSR 4—p Bus
Controller
MISO/SDA <P Logic
HTX 17
Pin *
Control
MOSIVHAC € | ogic Input/Output Shift Register
< (IOSR)
SS/HA2 —P» * | *
HRX >
_ Slave Address (FIFO)
HREQ 4P —P» Recognition Unit e —
(SAR)
<4— HSAR 4—)
Legend: Host-Accessible
— 24-Bit DSP-Accessible

Figure 10-1. Serial Host Interface Block Diagram
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10.3 SHI Clock Generator

If the interface operates in master mode, the SHI clock generator generates the SHI serial clock. If the
interface operates in slave mode, the SHI clock generator is disabled, except if the interface is in I°C mode
when the HCKFR bit is set in the HCKR register.

When the SHI operates in slave mode, the clock is external and is input to the SHI (HMST = 0).
Figure 10-2 shows the internal clock path connections. It is the user’s responsibility to select the proper
clock rate within the correct range (defined in the 12C and SPI bus specifications).

HMST
D _g/‘ SHI Clock
SCK/SCL <4
HMST =0
y Divide by 1 g
Divide Divide by . SHI
Fsvs — by2 [ 1© | t1or8 /°_> ClockLogic ——  controller
Divide by 256 3
? HMST = 1
HDMO - HDM7 HRS CPHA, CPOL, HI2C

Figure 10-2. SHI Clock Generator

10.3.1 Serial Host Interface Programming Model

The Serial Host Interface programming model has two parts: a Host side and a DSP side.
* Host side—See Figure 10-3 and Section 10.3.2, “SHI Input/Output Shift Register (IOSR)—Host
Side”
* DSP side—See Figure 10-4 and Section 10.3.3, “SHI Host Transmit Data Register (HTX)—DSP
Side” through Section 10.3.8, “SHI Control/Status Register (HCSR)—DSP Side.”

23 0
IOSR | I/O Shift Register (IOSR)

AA0418

Figure 10-3. SHI Programming Model—Host Side
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Figure 10-4. SHI Programming Model—DSP Side
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For the SHI interrupt vector table, see Table 10-1. For the exception priorities generated by the SHI, see
Table 10-2.

Table 10-1. SHI Interrupt Vectors

Program Address Interrupt Source
VBA:$0040 SHI Transmit Data
VBA:$0042 SHI Transmit Underrun Error
VBA:$0044 SHI Receive FIFO Not Empty
VBA:$0048 SHI Receive FIFO Full
VBA:$004A SHI Receive Overrun Error
VBA:$004C SHI Bus Error

Table 10-2. SHI Internal Interrupt Priorities

Priority Interrupt

Highest SHI Bus Error

- SHI Receive Overrun Error

- SHI Transmit Underrun Error

- SHI Receive FIFO Full

- SHI Transmit Data

Lowest SHI Receive FIFO Not Empty

10.3.2 SHI Input/Output Shift Register (IOSR)—Host Side

The variable length Input/Output Shift Register (IOSR) can be viewed as a serial-to-parallel and
parallel-to-serial buffer in the SHI. The IOSR register is involved with every data transfer in both directions
(read and write). In compliance with the I°C and SPI bus protocols, the data is shifted in and out MSB first.
See Figure 10-5.

* In 8-bit data transfer modes, the most significant byte of the IOSR is used as the shift register.
* In 16-bit data transfer modes, the two most significant bytes become the shift register.
* In 24-bit transfer modes, the shift register uses all three bytes of the IOSR.

NOTE

The IOSR register cannot be accessed directly either by the host processor
or by the DSP core. The IOSR register is fully controlled by the SHI
controller logic.
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| IOSR Register
23 16 15 8 7 0
—>
) 8-Bit 16-Bit 24-Bit
Operating Mode Data Mode Data Mode Data Mode

Stops Data Passes Data
When Data When Data
Mode is Selected Mode is Selected

Figure 10-5. SHI I/O Shift Register (IOSR)

10.3.3 SHI Host Transmit Data Register (HTX)—DSP Side

The host transmit data register (HTX) is used for DSP-to-Host data transfers, and is 24 bits wide. Writing
to the HTX register using DSP core instructions or by DMA transfers clears the HTDE flag. The DSP may
program the HTIE bit to cause a host transmit data interrupt when the HTDE bit is set. (See Section
10.3.8.10, HCSR Transmit-Interrupt Enable (HTIE)—Bit 11.”) To prevent overwriting the previous data,
data should not be written to the HTX register until the HTDE bit is set. The HTX register is reset to the
empty state when in stop mode, and also during hardware, software, and individual resets. In the different
data transfer modes, the following occurs:

* In 8-bit data transfer mode, the most significant byte of the HTX register is transmitted.

* In 16-bit data transfer mode, the two most significant bytes of the HTX register are transmitted.

* In 24-bit data transfer mode, all the contents of HTX register are transferred.

10.3.4 SHI Host Receive Data FIFO (HRX)—DSP Side

The 24-bit host receive data FIFO (HRX) is a 10-word deep, First-In-First-Out (FIFO) register used for
Host-to-DSP data transfers. The serial data is received via the shift register and then loaded into the HRX
FIFO. In the different data transfer modes, the following actions occur:

* In 8-bit data transfer mode, the most significant byte of the shift register is transferred to the HRX
FIFO (the other bits are cleared).

* In 16-bit data transfer mode, the two most significant bytes are transferred (the least significant
byte is cleared) to the HTX FIFO.

e In 24-bit data transfer mode, all 24 bits are transferred to the HRX FIFO.
The HRX FIFO may be read by the DSP while the HRX FIFO is being loaded from the shift register.
Reading all data from the HRX FIFO clears the HRNE flag. The HRX FIFO may be read using DSP core

instructions or by DMA transfers. The HRX FIFO is reset to the empty state when the chip is in stop mode,
and also during hardware reset, software, and individual resets.
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10.3.5 SHI Slave Address Register (HSAR)—DSP Side

The 24-bit slave address register (HSAR) is used when the SHI operates in the I2C slave mode; the HSAR
register is ignored in the other operational modes. The HSAR register holds 5 bits of the 7-bit slave device
address. The SHI also acknowledges the general call address specified by the I’C protocol (8 zeroes
comprising a 7-bit address and a R/W bit), but treats any following data bytes as regular data. That is, the
SHI does not differentiate between its dedicated address and the general call address. Note that the host
processor cannot access the HSAR register.

10.3.5.1 HSAR Reserved Bits—Bits 19, 17-0

These bits are reserved; they read as zero and should be written with zeroes for future compatibility.

10.3.6 HSAR I°C Slave Address (HA[6:3], HA1)—Bits 23-20,18

Part of the I2C slave device address is stored in the read/write HA[6:3] and HA1 bits of the HSAR register.
The full 7-bit slave device address is formed by combining the HA[6:3] and HA1 bits with the HAO and
HAZ2 pins, to obtain the HA[6:0] slave device address. Whenever an I2C master device initiates an I2C bus
transfer, the full 7-bit slave device address is compared to the received address byte. During hardware or
software resets, HA[6:3] = 1011 and the HA1 bit is cleared; this results in a default slave device address
of 1011[HA2]O[HAO].

10.3.7 SHI Clock Control Register (HCKR)—DSP Side

The HCKR register is a 24-bit read/write register that controls the SHI clock generator. The HCKR bits
should be changed only while the SHI is in the individual reset state (HEN = 0 in the HCSR register).

For proper SHI clock set-up, please consult the data sheet. The programmer should not use the
combination HRS =1 and HDM[7:0] = 00000000, since that combination may cause synchronization
problems and improper operations (it is an illegal combination).

The HCKR bits are cleared during hardware or software resets, except for CPHA, which is set. The HCKR
register is not affected by the stop state. The HCKR bits are described in the following sections.

10.3.7.1 Clock Phase and Polarity (CPHA and CPOL)—Bits 1-0

The Clock Phase (CPHA) bit controls the relationship between the data on the master-in-slave-out (MISO)
pin and master-out-slave-in (MOSI) pin, and also the clock produced or received at the SCK pin. The
CPOL bit determines the clock polarity (1 = active-high clock, 0 = active-low clock).

The clock phase and polarity should be identical for both the master and slave SPI devices. The CPHA and
CPOL bits are functional only when the SHI operates in the SPI mode; the CPHA and CPOL bits are
ignored in the I°C mode. During hardware and software resets, the CPHA bit is set and the CPOL bit is
cleared.

When operating in the SPI mode, you can select any one of four combinations of serial clock (SCK) phase
and polarity. (See Figure 10-6.)
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Figure 10-6. SPI Data-To-Clock Timing Diagram

If the CPOL bit is cleared, it produces a steady-state low value at the SCK pin of the master device
whenever data is not being transferred. If the CPOL bit is set, it produces a high value at the SCK pin of
the master device whenever data is not being transferred.

The CPHA and CPOL bits together select the desired clock-to-data relationship. In general, the CPHA bit
selects the clock edge that captures data and allows it to change states. It has its greatest impact on the first
bit transmitted (MSB) in that it does or does not allow a clock transition before the data capture edge.

When the SHI is in slave mode and CPHA bit = 0, the SS line must be deasserted and asserted by
the external master between each successive word transfer. Also, the SS line must remain asserted
between successive bytes within a word. The DSP core should write the next data word to the HTX
register when the HTDE bit = 1, thereby clearing the HTDE bit. However, the data is transferred to
the shift register for transmission only when the SS line is deasserted. The HTDE bit is set when
the data is transferred from the HTX register to the shift register.

When the SHI is in slave mode and CPHA bit = 1, the SS line may remain asserted between
successive word transfers. Also, the SS line must remain asserted between successive bytes within
a word. The DSP core should write the next data word to HTX register when HTDE bit = 1, thereby
clearing the HTDE bit. The HTX register data is transferred to the shift register for transmission as
soon as the shift register is empty. The HTDE bit is set when the data is transferred from the HTX
register to the shift register.

When the SHI is in master mode and CPHA bit = 0, the DSP core should write the next data word
to the HTX register when HTDE bit = 1, thereby clearing the HTDE bit. The data is transferred
immediately to the shift register for transmission. The HTDE bit is set only at the end of the data
word transmission.

The master is responsible for deasserting and asserting the slave device SS line between word
transmissions.
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¢ When the SHI is in master mode and CPHA bit = 1, the DSP core should write the next data word
to the HTX register when HTDE bit = 1, thereby clearing the HTDE bit. The HTX register data is
transferred to the shift register for transmission as soon as the shift register is empty. The HTDE
bit is set when the data is transferred from the HTX register to the shift register.

10.3.7.2 HCKR Prescaler Rate Select (HRS)—Bit 2

The HRS bit controls a prescaler in series with the clock generator divider. The HRS bit is used to extend
the range of the divider when slower clock rates are desired.

*  When the HRS bit is set, the prescaler is bypassed.
*  When the HRS bit is cleared, the fixed divide-by-eight prescaler is operational.
When the SHI operates in the slave mode, the HRS bit is ignored, except during I>C mode when the
HCKEFR bit is set. The HRS bit is cleared during hardware and software resets.
NOTE

Use the equations in the SHI data sheet to determine the value of the HRS
bit for the required serial clock frequency.

10.3.7.3 HCKR Divider Modulus Select (HDM[7:0])—Bits 10-3

The HDM][7:0] bits specify the divide ratio of the clock generator divider. A divide ratio between 1 and
256 (HDM[7:0] = $00 to $FF) can be selected. When the SHI operates in slave mode, the HDM[7:0] bits
are ignored, except in HI?C mode when the HCKFR bit is set. The HDM[7:0] bits are cleared during
hardware and software resets.

NOTE

Use the equations in the SHI data sheet to determine the value of the
HDM[7:0] bits for the required serial clock frequency.

10.3.7.4 HCKR Reserved Bits—Bits 23-14, 11

These bits in HCKR are reserved; they are read as zero and should be written with zeroes for future
compatibility.

10.3.7.5 HCKR HFM[1:0] Bits—Bits 13-12

The read/write control bits HFM[1:0] specify the operational mode of the noise reduction filters, as
described in Table 10-3. The filters are designed to eliminate undesired spikes that might occur on the
clock and data-in lines and allow the SHI to operate in noisy environments when required. One filter is
located in the input path of the SCK/SCL line and the other is located in the input path of the data line (i.e.,
the SDA line when in I°C mode, the MISO line when in SPI master mode, and the MOSI line when in SPI
slave mode).
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Table 10-3. SHI Noise Reduction Filter Mode

HFM1 | HFMO Description
0 0 Bypassed (Disabled)
0 1 Very Narrow Spike Tolerance
1 0 Narrow Spike Tolerance
1 1 Wide Spike Tolerance

When HFEM[1:0] = 00, the filter is bypassed (spikes are not filtered out). This mode is useful when higher
bit-rate transfers are required and the SHI operates in a noise-free environment.

When HFM[1:0] = 01, the very narrow-spike-tolerance filter mode is selected. In this mode the filters
eliminate spikes with durations of up to 10 ns. This mode is useful when very high bit-rate transfers are
required and the SHI operates in a nearly noise-free environment.

When HFM[1:0] = 10, the narrow-spike-tolerance filter mode is selected. In this mode the filters eliminate
spikes with durations of up to 50 ns. This mode is suitable for use in mildly noisy environments and
imposes some limitations on the maximum achievable bit-rate transfer.

When HFM[1:0] = 11, the wide-spike-tolerance filter mode is selected. In this mode the filters eliminate
spikes up to 100 ns. This mode is recommended for use in noisy environments; the bit-rate transfer is
strictly limited. The wide—s;z)ike— tolerance filter mode is highly recommended for use in IC bus systems
as it fully conforms to the I°C bus specification and improves noise immunity.

NOTE
HFM[1:0] are cleared during hardware reset and software reset.

After changing the filter bits in the HCKR register to a non-bypass mode (HFM[1:0] is not equal to ‘00’),
the programmer should wait at least ten times the tolerable spike width before enabling the SHI (setting
the HEN bit in the HCSR register). Similarly, after changing the HIC bit in the HCSR register or the
CPOL bit in the HCKR register, while the filter mode bits are in a non-bypass mode (HFM[1:0] is not equal
to ‘00’), the programmer should wait at least ten times the tolerable spike width before enabling the SHI
(setting HEN bit in the HCSR register).

10.3.8 SHI Control/Status Register (HCSR)—DSP Side

The HCSR is a 24-bit register that controls the SHI operation and indicates its status. The control bits are
read/write; the status bits are read-only. The HCSR register bits are described in the following sections.
When in the stop state or during individual reset, the HCSR status bits are reset to their hardware-reset
state, while the HCSR control bits are not affected.

10.3.8.1 HCSR Host Enable (HEN)—Bit 0

The read/write control bit HEN, when set, enables the SHI. When HEN is cleared, the SHI is disabled (the
SHI is in the individual reset state). When HEN is cleared, the HCKR and the HCSR control bits are not
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affected. When operating in master mode, the HEN bit should be cleared only when the SHI is idle
(HBUSY =0). The HEN bit is cleared during hardware and software resets.

10.3.8.1.1  SHI Individual Reset

While the SHI is in the individual reset state, the SHI input pins are inhibited, output and bidirectional pins
are disabled (high impedance), and the HCSR status bits and transmit/receive paths are reset to the same
state produced by a hardware or software reset. After the HEN bit is cleared, SHI enters the individual reset
state after a one-instruction-cycle delay.

10.3.8.2 HCSR I2C/SPI Selection (HI>C)—Bit 1

The read/write control bit HI>C selects whether the SHI operates in the 12C or SPI mode:
«  When the HI’C bit is cleared, then SHI operates in the SPI mode.
«  When the HI?C bit is set, then SHI operates in the I°C mode.
The HI*C bit affects the functionality of the SHI pins, as described in Chapter 2, “Signal Descriptions.”

Before changing the HI?C bit, it is recommended that an SHI individual reset be generated (HEN bit
cleared). The HI?C bit is cleared during hardware and software resets.

10.3.8.3 HCSR Serial Host Interface Mode (HM[1:0])—Bits 3—-2

The read/write control bits HM][1:0] select the size of the data words to be transferred, as shown in Table
10-4. The HM[1:0] bits should be modified only when the SHI is idle (HBUSY = 0). The HM[1:0] bits are
cleared during hardware and software resets.

Table 10-4. SHI Data Size

HMA1 HMO Description
0 0 8-bit data
0 1 16-bit data
1 0 24-bit data
1 1 Reserved

10.3.8.4 HCSR I?C Clock Freeze (HCKFR)—Bit 4

The read/write control bit HCKFR determines the behavior of the SHI when the SHI is unable to service
the master request, while operating in the I2C slave mode. The HCKFR bit is used only in the I2C slave
mode; the HCKFR bit is ignored otherwise.

» If the HCKFR bit is set, then the SHI holds the clock line to GND if the SHI is not ready to send
data to the master (during a read transfer) or if the input FIFO is full (when the master attempts to
execute a write transfer). In this way, the master can detect that the slave is not ready for the
requested transfer, without causing an error condition in the slave. When the HCKFR bit is set for
transmit sessions, the SHI clock generator must be programmed to generate the same serial clock
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as produced by the external master, otherwise erroneous operations may result. The programmed
frequency should be in the range of 1 to 0.75 times the external clock frequency.

» If the HCKFR bit is cleared, then any attempt from the master to execute a transfer (when the slave
is not ready) results in an overrun or underrun error condition.

Before changing the HCKFR bit, it is recommended that an SHI individual reset be generated (HEN bit is
cleared). The HCKFR bit is cleared during hardware and software resets.

10.3.8.5 HCSR FIFO-Enable Control (HFIFO)—Bit 5

The read/write control bit HFIFO selects the receive FIFO size:
¢ When the HFIFO bit is cleared, then the FIFO has one level.
¢ When the HFIFO bit is set, then the FIFO has 10 levels.

Before changing the HFIFO bit, it is recommended that an SHI individual reset be generated (HEN bit is
cleared). The HFIFO bit is cleared during hardware and software resets.

10.3.8.6 HCSR Master Mode (HMST)—Bit 6

The read/write control bit HMST determines the SHI operating mode:

* If the HMST bit is set, then the SHI interface operates in the master mode.

* If the HMST bit is cleared, then the SHI interface operates in the slave mode.
The SHI supports a single-master configuration in both I>C and SPI modes. When configured as an SPI
master, the SHI drives the SCK line and controls the direction of the data lines using MOSI and MISO. In
SPI master mode, the SS line must be held deasserted; if the SS line is asserted (when in SPI master mode),

a bus error is generated (the HCSR HBER bit is set—see Section 10.3.8.18, “Host Bus Error (HBER)—Bit
217).
When configured as an I°C master, the SHI controls the I°C bus by generating start events, clock pulses,

and stop events for the transmission/reception of serial data.

Before changing the HMST bit, it is recommended that an SHI individual reset be generated (HEN bit is
cleared). The HMST bit is cleared during hardware and software resets.

10.3.8.7 HCSR Host-Request Enable (HRQE[1:0])—Bits 8-7

The read/write control bits HRQE[1:0] control the HREQ pin:
*  When the HRQE[1:0] bits are cleared, the HREQ pin is disabled and held in the high impedance
state.

» Ifeither of the HRQE[1:0] bits are set and the SHI is in master mode, then the HREQ pin becomes
an input controlling SCK: deasserting the HREQ pin suspends SCK.

o If either of the HRQE[1:0] bits are set and the SHI is in SPI slave mode, then the HREQ pin
becomes an output, and its operation is defined in Table 10-5.
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Table 10-5. HREQ Function In SPI Slave Mode

HRQE1 | HRQEO HREQ Pin Operation
0 0 High impedance
0 1 Asserted if IOSR is ready to receive a new word
1 0 Asserted if IOSR is ready to transmit a new word
1 1 SPI mode: Asserted if IOSR is ready to transmit and receive

The HRQE[1:0] bits should be changed only when the SHI is idle (HBUSY bit = 0). The HRQE[1:0] bits
are cleared during hardware and software resets.

10.3.8.8 HCSR Idle (HIDLE)—Bit 9

The read/write control/status bit HIDLE is used only in the I2C master mode; the HIDLE bit is ignored
otherwise. It is only possible to set the HIDLE bit during writes to the HCSR register. The HIDLE bit is
cleared by writing to the HTX register.

* To ensure correct transmission of the slave device address byte, the HIDLE bit should be set only
when the HTX register is empty (HTDE bit = 1). After the HIDLE bit is set, a write to the HTX
register clears the HIDLE bit and causes the generation of a stop event, followed by a start event,
and then the transmission of the 8 MSBs of the data as the slave device address byte.

*  While the HIDLE bit is cleared, data written to the HTX register is transmitted as is.

After the SHI completes transmitting a word:

» Ifthe HIDLE bit s cleared and there is no new data in the HTX register, then the clock is suspended
after sampling ACK.

» If the HIDLE bit is set and there is no new data in the HTX register, then a stop event is generated.

The HIDLE bit determines the acknowledge that the receiver sends after a byte is received correctly.

» If the HIDLE bit is cleared, then the byte’s reception is acknowledged by sending a O bit on the
SDA line at the ACK clock tick.

» If the HIDLE bit is set, then the byte’s reception is not acknowledged (a 1 bit is sent). It is used to
signal an end-of-data to a slave transmitter by not generating an ACK on the last byte. As a result,
the slave transmitter must release the SDA line to allow the master to generate the stop event.

If the SHI completes receiving a word and the HRX FIFO is full, the clock is suspended before transmitting
an ACK. While the HIDLE bit is cleared the bus is busy, that is, the start event was sent but no stop event
was generated. Setting the HIDLE bit causes a stop event after receiving the current word.

The HIDLE bit is set while the SHI is not in I>C master mode, while the chip is in the stop state, and during
hardware, software, and individual resets.

NOTE

Programmers should ensure that before setting the HIDLE bit, all DMA
channel service to the HTX register is disabled.
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10.3.8.9 HCSR Bus-Error Interrupt Enable (HBIE)—Bit 10

The read/write control bit HBIE enables the SHI bus-error interrupt:

» If the HBIE bit is cleared, then bus-error interrupts are disabled, and the HBER status bit must be
polled to determine if an SHI bus error occurred.

* If both the HBIE and HBER bits are set, then the SHI requests an SHI bus-error interrupt service
from the interrupt controller. The HBIE bit is cleared by hardware and software resets.

NOTE

Clearing the HBIE bit masks a pending bus-error interrupt only after a one
instruction cycle delay. If the HBIE bit is cleared in a long interrupt service
routine, it is recommended that at least one other instruction is between the
instruction (that clears the HBIE bit) and the RTT instruction at the end of
the interrupt service routine.

10.3.8.10 HCSR Transmit-Interrupt Enable (HTIE)—Bit 11

The read/write control bit HTIE is used to enable the SHI transmit data interrupts:

» If the HTIE bit is cleared, then the transmit interrupts are disabled, and the HTDE status bit must
be polled to determine if the HTX register is empty.

e Ifboth the HTIE and HTDE bits are set and the HTUE bit is cleared, then the SHI requests an SHI
transmit-data interrupt service from the interrupt controller.

» If both the HTIE and HTUE bits are set, then the SHI requests an SHI transmit-underrun-error
interrupt service from the interrupt controller.

The HTIE bit is cleared by hardware and software resets.
NOTE

Clearing the HTIE bit masks a pending transmit interrupt only after a one
instruction cycle delay. If the HTIE bit is cleared in a long interrupt service
routine, it is recommended that at least one other instruction separates the
instruction (that clears the HTIE bit) and the RTI instruction at the end of
the interrupt service routine.

10.3.8.11 HCSR Receive Interrupt Enable (HRIE[1:0])—Bits 13—-12

The read/write control bits HRIE[1:0] are used to enable the SHI receive-data interrupts:

» Ifthe HRIE[1:0] bits are cleared, then the receive interrupts are disabled, and the HRNE and HRFF
status bits must be polled to determine if there is data in the receive FIFO.

» Ifthe HRIE[1:0] bits are not cleared, then receive interrupts are generated according to Table 10-6.

The HRIE[1:0] bits are cleared by hardware and software resets.
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Table 10-6. HCSR Receive Interrupt Enable Bits

HRIE[1:0] Status Bits Interrupt

00 Disabled

01 If HRNE = 1 and HROE = 0 Receive FIFO is not empty
If HROE = 1 Receive Overrun Error

10 Reserved

11 If HRFF =1 and HROE =0 Receive FIFO is full
If HROE =1 Receive Overrun Error

NOTE

Clearing the HRIE[1:0] bits masks a pending receive interrupt only after a
one instruction cycle delay. If the HRIE[1:0] bits are cleared in a long
interrupt service routine, it is recommended that at least one other
instruction separates the instruction (that clears the HRIE[1:0] bits) and the
RTI instruction at the end of the interrupt service routine.

10.3.8.12 HCSR Host Transmit Underrun Error (HTUE)—Bit 14

The read-only status bit HTUE indicates whether a transmit-underrun error occurred. Transmit-underrun
errors can occur only when operating in the SPI slave mode or the 12C slave mode (when HCKER is
cleared). In master mode, transmission takes place on demand and no underrun can occur. The HTUE bit
is set when both the shift register and the HTX register are empty and the external master begins reading
the next word:

*  When operating in I2C mode, the HTUE bit is set on the falling edge of the ACK bit, and the SHI
re-transmits the previously transmitted word.

*  When operating in SPI mode,
— If CPHA =1, then the HTUE bit is set at the first clock edge.
— If CPHA = 0, then the HTUE bit is set at the assertion of the SS line.

If a transmit interrupt occurs:
*  When the HTUE bit is set, then the transmit-underrun interrupt vector is generated.
*  When the HTUE bit cleared, then the regular transmit-data interrupt vector is generated.

The HTUE bit is cleared by reading the HCSR register and then writing to the HTX register. The HTUE
bit is cleared by hardware, software, and SHI individual resets, and also during the stop state.
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10.3.8.13 HCSR Host Transmit Data Empty (HTDE)—Bit 15

The read-only status bit HTDE indicates whether the HTX register is empty and can be written by the DSP
core.

* The HTDE bit is set when the data word is transferred from the HTX register to the shift register,
except in SPI master mode when CPHA bit = 0 (see HCKR register).

¢ When in SPI master mode with CPHA bit = 0, the HTDE bit is set after the end of the data word
transmission.

* The HTDE bit is cleared when the DSP writes the HTX register either with write instructions or
DMA transfers.

The HTDE bit is set by hardware, software, and SHI individual resets, and also during the stop state.

10.3.8.14 HCSR Reserved Bits—Bits 23, 18 and 16

These bits are reserved; they read as zero and should be written with zeroes for future compatibility.

10.3.8.15 Host Receive FIFO Not Empty (HRNE)—Bit 17

The read-only status bit HRNE indicates that the Host Receive FIFO (HRX) contains at least one data
word.
* The HRNE bit is set when the HRX FIFO is not empty.

* The HRNE bit is cleared when the HRX FIFO is read by the DSP (using read instructions or DMA
transfers), reducing the number of words in the FIFO to zero.

The HRNE bit is cleared during hardware, software, and SHI individual resets, and also during the stop
state.

10.3.8.16 Host Receive FIFO Full (HRFF)—Bit 19

The read-only status bit HRFF indicates, when set, that the Host Receive FIFO (HRX) is full. The HRFF
bit is cleared when the HRX FIFO is read by the DSP (using read instructions or DMA transfers) and at
least one place is available in the HRX FIFO. The HRFF bit is cleared by hardware, software, and SHI
individual resets, and also during the stop state.

10.3.8.17 Host Receive Overrun Error (HROE)—Bit 20

The read-only status bit HROE indicates, when set, that a data-receive overrun error has occurred.
Receive-overrun errors cannot occur when operating in I>C master mode, because the clock is suspended
if the receive FIFO is full; nor can receive-overrun errors occur in I°C slave mode when the HCKFR bit is
set.

The HROE bit is set when the shift register (IOSR) is filled and ready to transfer the data word to the HRX
FIFO and the FIFO is already full (HRFF bit is set). When a receive-overrun error occurs, the shift register
is not transferred to the HRX FIFO.

* If areceive interrupt occurs when the HROE bit is set, the receive-overrun interrupt vector is
generated.
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» [Ifareceive interrupt occurs when the HROE is cleared, the regular receive-data interrupt vector is
generated.

The HROE bit is cleared by reading the HCSR register with the HROE bit set, followed by reading the
HRX FIFO. The HROE bit is cleared by hardware, software, and SHI individual resets, and also during the
stop state.

10.3.8.18 Host Bus Error (HBER)—Bit 21
When the read-only status bit HBER is set, it indicates that an SHI bus error occurred when operating as
a master (HMST bit is set).

« InI’C mode, the HBER bit is set if the transmitter does not receive an acknowledge after a byte is
transferred; then a stop event is generated and transmission is suspended.

o In SPI mode, the HBER bit is set if the SS line is asserted; then the transmission is suspended at
the end of transmission of the current word.

The HBER bit is cleared only by hardware, software, and SHI individual resets, and also during the stop
state.

10.3.8.19 HCSR Host Busy (HBUSY)—Bit 22

The read-only status bit HBUSY indicates that the I°C bus is busy (when in the I>C mode) or that the SHI
itself is busy (when in the SPI mode).

*  When operating in 12C mode, the HBUSY bit is set after the SHI detects a start event, and the
HBUSY bit remains set until a stop event is detected.
»  When operating in the slave SPI mode, the HBUSY bit is set while the SS line is asserted.

*  When operating in the master SPI mode, the HBUSY bit is set if the HTX register is not empty or
if the IOSR register is not empty.

The HBUSY bitis cleared otherwise. The HBUSY bit is cleared by hardware, software, and SHI individual
resets, and also during the stop state.

10.4 Characteristics Of The SPI Bus

The SPI bus consists of two serial data lines (MISO, MOSI), a clock line (SCK) and a Slave Select line
(SS). During an SPI transfer, a byte is shifted out one data pin while a different byte is simultaneously
shifted in through a second data pin. It can be viewed as two 8-bit shift registers connected together in a
circular manner, with one shift register on the master side and the other shift register on the slave side. Thus
the data bytes in the master device and slave device are exchanged.

The MISO and MOSI data pins are used for transmitting and receiving serial data.

*  When the SPIis configured as a master, MISO is the master data input line, and MOSI is the master
data output line.

*  When the SPI is configured as a slave, MISO is the slave data output line, and MOSI is the slave
data input line.
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Clock control logic allows a selection of clock polarity and a choice of two fundamentally different
clocking protocols to accommodate most available synchronous serial peripheral devices. When the SPI is
configured as a master, the control bits in the HCKR register select the appropriate clock rate, as well as
the desired clock polarity and phase format. (See Figure 10-6.)

The SS line allows selection of an individual slave SPI device; slave devices that are not selected do not
interfere with SPI bus activity—they keep their MISO output pin in the high-impedance state. When the
SHI is configured as an SPI master device, the SS line should be held high. If the SS line is driven low
when the SHI is in SPI master mode, a bus error is generated (the HCSR HBER bit is set).

10.5 Characteristics Of The I2C Bus

The I2C serial bus consists of two bidirectional lines, one for data signals (SDA) and one for clock signals
(SCL). Both the SDA and SCL lines must be connected to a positive supply voltage via a pull-up resistor.

NOTE

In the IC bus specifications, the standard mode (100 kHz clock rate) and a
fast mode (400 kHz clock rate) are defined. The SHI can operate in either
standard or fast mode.

10.5.1 Overview

The I°C bus protocol must conform to the following rules:
* Data transfers may be initiated only when the bus is not busy.

* During data transfers, the data line must remain stable whenever the clock line is high. Changes in
the data line when the clock line is high are interpreted as control signals (see Figure 10-7).

o Xi \

| Data Line is Stable: | Change of
| Data is Valid | Data Allowed |

Figure 10-7. I2C Bit Transfer

AA0422

The I°C bus protocol defines the following events:
* Bus not busy—Both data and clock lines remain high.

* Start data transfer—The start event is defined as a change in the state of the data line, from high to
low, while the clock is high (see Figure 10-8).

* Stop data transfer—The stop event is defined as a change in the state of the data line, from low to
high, while the clock is high (see Figure 10-8).
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* Data valid—The state of the data line represents valid data when, after a start event, the data line
is stable for the duration of the high period of the clock signal. The data on the line may be changed
during the low period of the clock signal. There is one clock pulse per bit of data.

Start Event Stop Event

AA0423
Figure 10-8. I2C Start and Stop Events

Each 8-bit word is followed by one acknowledge bit. This acknowledge bit is a high level put on the bus
by the transmitter when the master device generates an extra acknowledge-related clock pulse. A slave
receiver that is addressed must generate an acknowledge after each byte is received. Also, a master receiver
must generate an acknowledge after the reception of each byte that has been clocked out of the slave
transmitter. The acknowledging device must pull down the SDA line during the acknowledge clock pulse,
so that the SDA line is stable low during the high period of the acknowledge-related clock pulse (see
Figure 10-9).

Start Event Clock Pulse for
0 Acknowledgement

M
Data Output

by Transmitter - —
/X XX
Data Output S
\ /AA0424

by Receiver - -
A device generating a signal is called a transmitter, and a device receiving a signal is called a receiver. A
device controlling a signal is called a master, and devices controlled by the master are called slaves. A
master receiver must signal an end-of-data to the slave transmitter by not generating an acknowledge on
the last byte clocked out of the slave device. In this case the transmitter must leave the data line high to
enable the master to generate the stop event. Handshaking may also be accomplished by using the clock
synchronizing mechanism. Slave devices can hold the SCL line low, after receiving and acknowledging a
byte, to force the master into a wait state until the slave device is ready for the next byte transfer. The SHI
supports this feature when operating as a master device, and waits until the slave device releases the SCL
line before proceeding with the data transfer.

SCL from
Master Device

§

Figure 10-9. Acknowledgment on the I°C Bus
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10.5.2 12C Data Transfer Formats

I2C bus data transfers follow the following process: after the start event, a slave device address is sent. The
address consists of 7 address bits and an 8th bit as a data direction bit (R/W). In the data direction bit, “0”
indicates a transmission (write), and “1” indicates a request for data (read). A data transfer is always
terminated by a stop event generated by the master device. However, if the master device still wishes to
communicate on the bus, it can generate another start event and address another slave device without first
generating a stop event. (The SHI does not support this feature when operating as an I°C master device.)
This method is also used to provide indivisible data transfers. Various combinations of read/write formats
are illustrated in Figure 10-10 and Figure 10-11.

ACK from ACK from ACK from
Slave Device Slave Device Slave Device
S| Slave Address |0 [ A First Data Byte A Data Byte AIlS, P
Start R/W Start or
Bit N=0toM Stop Bit
Data Bytes
AA0425
Figure 10-10. I2C Bus Protocol For Host Write Cycle
ACK from ACK from No ACK from
Slave Device Slave Device Master Device
S| Slave Address | 1 | A Data Byte A| Last Data Byte 1P
Start RW Stop
Bit N=0toM Bit
Data Bytes AA0426

Figure 10-11. I2C Bus Protocol For Host Read Cycle

NOTE

The first data byte in a write-bus cycle can be used as a user-predefined
control byte (for example, to determine the location where the forthcoming
data bytes should be transferred to).

10.6 SHI Programming Considerations

The SHI implements both SPI and 12C bus protocols, and can be programmed to operate as a slave device
or a single-master device. After the operating mode is selected, the SHI may communicate with an external
device by receiving and/or transmitting data. Before changing the SHI operating mode, an SHI individual
reset should be generated by clearing the HEN bit. The following sections describe programming
considerations for each operating mode.
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10.6.1 SPI Slave Mode

Initiate SPI slave mode by performing the following steps:
1. Set HEN =1 to enable the SHI.
2. Set HI’C =0 to select the SPI mode.
3. Set HMST = 0 to select the slave mode of operation.

The programmer should verify that the CPHA and CPOL bits (in the HCKR register) correspond to the
external host clock phase and polarity. (Note that the other HCKR register bits are ignored.) When
configured in the SPI slave mode, the SHI external pins operate as follows:

* SCKJ/SCL is the SCK serial clock input.

* MISO/SDA is the MISO serial data output.
*  MOSI/HAO is the MOSI serial data input.
» SS/HAZ2 is the SS slave select input.

« HREQ is the Host Request output.

In the SPI slave mode, a receive, transmit, or full-duplex data transfer may be performed. Actually, the
interface performs data receive and transmit simultaneously. The status bits of both receive and transmit
paths are active; however, the programmer may disable undesired interrupts and ignore irrelevant status
bits. Before beginning data reception, it is recommended that an SHI individual reset (HEN bit is cleared)
be generated, to reset the HRX FIFO to its initial (empty) state (for example, when switching from
transmitting data to receiving data).

If a write to the HTX register occurs, its contents are transferred to the IOSR register between data word
transfers. The IOSR register data is shifted out (via MISO) and received data is shifted in (via MOSI). The
DSP may write the HTX register using either DSP instructions or DMA transfers (if the HTDE status bit
is set). If no writes to the HTX register occur, the contents of the HTX register are not transferred to the
IOSR register, so the data shifted out when receiving is the data present in the IOSR register at that time.
The HRX FIFO contains valid receive data, which the DSP can read using either DSP instructions or DMA
transfers (if the HRNE status bit is set).

» If the HREQ output pin is enabled for receive (HRQE[1:0] = 01), then the HREQ output pin is
asserted when the IOSR register is ready to receive and the HRX FIFO is not full; this operation
guarantees that the next received data word is stored in the HRX FIFO.

» If the HREQ output pin is enabled for transmit (HRQE[1:0] = 10), then the HREQ output pin is
asserted when the IOSR register is loaded from the HTX register with a new data word to transfer.

* Ifthe HREQ output pin is enabled for both transmit and receive (HRQE[1:0] = 11), then the HREQ
output pin is asserted when the receive and transmit conditions are both true.

The HREQ is deasserted at the first clock pulse of the next data word transfer.

The HREQ line can be used to interrupt the external master device. Connecting the HREQ line between
two SHI-equipped DSPs enables full hardware handshaking (if operating with CPHA = 1), with one DSP
operating as an SPI master device and the other DSP as an SPI slave device.

The SS line should be kept asserted during a data word transfer. If the SS line is deasserted before the end
of the data word transfer, the transfer is aborted and the received data word is lost.
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10.6.2 SPI Master Mode

Initiate SPI master mode by performing the following steps:
1. Set HEN =1 to enable the SHI.
2. Set HI’C =0 to select the SPI mode.
3. Set HMST =1 to select the master mode of operation.

Before enabling the SHI as an SPI master device, the programmer should program the proper clock rate,
phase and polarity in the HCKR register. When configured in the SPI master mode, the SHI external pins
operate as follows:

* SCKJ/SCL is the SCK serial clock output.

*  MISO/SDA is the MISO serial data input.

*  MOSI/HAQO is the MOSI serial data output.

» SS/HAZ2 is the SS input. It should be kept deasserted (high) for proper operation.
« HREQ is the Host Request input.

The external slave device can be selected either by using external logic or by activating a GPIO pin
connected to its SS pin. However, the SS input pin of the SPI master device should be held deasserted
(high) for proper operation. If the SPI master device’s SS pin is asserted, the host bus error status bit
(HBER) is set. If the HBIE bit is also set, the SHI issues a request to the DSP interrupt controller to service
the SHI bus error interrupt.

In the SPI master mode, the DSP must write to the HTX register to receive, transmit or perform a
full-duplex data transfer. Actually, the interface performs simultaneous data receive and transmit. The
status bits of both receive and transmit paths are active; however, the programmer may disable undesired
interrupts and ignore irrelevant status bits. In a data transfer, the HTX register is transferred to the IOSR
register, clock pulses are generated, the IOSR register data is shifted out (via MOSI) and received data is
shifted in (via MISO). The DSP programmer may write the HTX register (if the HTDE status bit is set)
using either DSP instructions or DMA transfers to initiate the transfer of the next word. The HRX FIFO
contains valid receive data, which the DSP can read using either DSP instructions or DMA transfers, if the
HRNE status bit is set.

It is recommended that an SHI individual reset (HEN bit is cleared) be generated before beginning data
reception to reset the receive FIFO to its initial (empty) state (for example, when switching from
transmitting to receiving data).

If the HRQEJ1:0] bits are cleared, the HREQ input pin is ignored by the SPI master device; if any of the
the HRQE[1:0] bits are set, the HREQ input pin is considered by the SPI master device.

When asserted by the slave device, the HREQ input pin indicates that the external slave device is ready for
the next data transfer. As a result, the SPI master sends clock pulses for the full data word transfer. At the
first clock pulse of the new data transfer, the external slave device deasserts HREQ. When HREQ is
deasserted, HREQ prevents the clock generation of the next data word transfer until HREQ is asserted
again.
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Connecting the HREQ line between two SHI-equipped DSPs enables full hardware handshaking (if
CPHA = 1), with one DSP operating as an SPI master device and the other DSP operating as an SPI slave
device. For CPHA = 0, HREQ should be disabled by clearing the HRQE[1:0] bits.

10.6.3 12C Slave Mode

Initiate I°C slave mode by performing the following steps:
1. Set HEN =1 to enable the SHI.
2. Set HI’C = 1 to select the I’C mode.
3. Set HMST = 0 to select the slave mode of operation.

In I2C slave mode, the contents of the HCKR register are ignored, and the SHI external pins operate as
follows:

* SCKJ/SCL is the SCL serial clock input.

*  MISO/SDA is the SDA open drain serial data line.
*  MOSI/HAO is the HAO slave device address input.
« SS/HAZ2 is the HA2 slave device address input.

« HREQ is the Host Request output.

When the SHI is enabled and configured in I2C slave mode, the SHI controller inspects the SDA and SCL
lines to detect a start event. After detecting a start event, the SHI receives the slave device address byte and
enables the slave device address recognition unit:

» If the slave device address byte was not identified as its personal address, then the SHI controller
fails to acknowledge this byte by not driving the SDA line low at the 9th clock pulse (ACK = 1).
However, the SHI controller continues to poll the SDA and SCL lines to detect a new start event.

» If the slave device address byte was identified as its personal address (if the personal slave device
address was correctly identified), then the slave device address byte is acknowledged (ACK =0 is
sent), and a receive/transmit session is initiated according to the 8th bit (R/W) of the received slave
device address byte.

10.6.3.1 Receive Data in IC Slave Mode

A receive session is initiated when the personal slave device address has been correctly identified and the
R/W bit of the received slave device address byte has been cleared. Following a receive initiation, data in
the SDA line is shifted (MSB first) into the IOSR register. Following each received byte, an acknowledge
(ACK = 0) is sent at the 9th clock pulse via the SDA line. Data is acknowledged byte-wise, as required by
the I°C bus protocol, and is transferred to the HRX FIFO when the complete word (according to the
HM[1:0] bits) is loaded into the IOSR register. It is the programmer’s responsibility to select the correct
number of bytes in an 12C frame so that they fit into a complete number of words. For this purpose, the
slave device address byte does not count as part of the data; the slave device address byte is treated
separately.

In a receive session, only the receive path is enabled and HTX-register-to-IOSR-register transfers are
inhibited. The HRX FIFO contains valid data, which may be read by the DSP using either DSP instructions
or DMA transfers (if the HRNE status bit is set).
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If the HCKFR bit is cleared, the HRX FIFO is full, and the IOSR register is filled, an overrun error occurs
and the HROE status bit is set. In this case, the last received byte is not acknowledged (ACK = 1 is sent)
and the word in the IOSR register is not transferred to the HRX FIFO. This informs the external I°C master
device of an overrun error on the slave side, and upon learning that, the I°C master device may terminate
this session by generating a stop event.

If the HCKEFR bit is set and the HRX FIFO is full, the SHI will hold the clock line to GND, thereby not
letting the master device write to the IOSR register, which eliminates the possibility of reaching the
overrun condition.

When the IOSR register is ready to receive and the HRX FIFO is not full, the HREQ output pin (if enabled
for receive (HRQE[1:0] = 01) is asserted; this operation guarantees that the next received data word is
stored in the HRX FIFO. HREQ is deasserted at the first clock pulse of the next received word.

The HREQ line can be used to interrupt the external I2C master device. Connecting the HREQ line
between two SHI-equipped DSPs enables full hardware handshaking, with one DSP operating as an 1’C
master device and the other DSP operating as an 12C slave device.

10.6.3.2 Transmit Data In I12C Slave Mode

A transmit session is initiated when the personal slave device address has been correctly identified and the
R/W bit of the received slave device address byte has been set. Following a transmit initiation, the IOSR
register is loaded from the HTX register (assuming the HTX register is not empty), and the HTX register’s
contents are shifted out, MSB first, onto the SDA line. Following each transmitted byte, the SHI controller
samples the SDA line at the 9th clock pulse and inspects the ACK status. If the transmitted byte was

acknowledged (ACK = 0), then the SHI controller continues and transmits the next byte. However, if the
transmitted byte was not acknowledged (ACK = 1), then the transmit session is stopped and the SDA line
is released. Consequently, the external master device may generate a stop event to terminate the session.

The HTX register contents are transferred to the IOSR register when the complete word (according to
HM[1:0] bits) has been shifted out. It is the programmer’s responsibility to select the correct number of
bytes in an I2C frame, so that the bytes fit into a complete number of words. For this purpose, the slave
device address byte does not count as part of the data; the slave device address byte is treated separately.

In a transmit session, only the transmit path is enabled and the IOSR-register-to-HRX FIFO transfers are
inhibited. When the HTX register transfers its valid data word to the IOSR register, the HTDE status bit is
set and the DSP may write a new data word to the HTX register using either DSP instructions or DMA
transfers.

When the master device attempts a transmit session:

» Ifthe HCKFR bit is cleared and if both IOSR and HTX registers are empty, an underrun condition
occurs (thereby setting the HTUE status bit), and the previous word is re-transmitted.

* Ifthe HCKFR bit is set and if both IOSR and HTX registers are empty, the SHI holds the clock line
to GND to avoid an underrun condition.

When the HTX register is transferred to the IOSR register for transmission, the HREQ output pin is
asserted (if HREQ is enabled for transmit (HRQE[1:0] = 10)). When asserted, HREQ indicates that the
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slave device is ready to transmit the next data word. HREQ is deasserted at the first clock pulse of the next
transmitted data word.

The HREQ line can be used to interrupt the external I°C master device. Connecting the HREQ line
between two SHI-equipped DSPs enables full hardware handshaking, with one DSP operating as an 1’C
master device and the other DSP operating as an 12C slave device.

10.6.4 12C Master Mode

Initiate I>C master mode by performing the following steps:

1. Set HEN =1 to enable the SHI.

2. Set HI’C = 1 to select the I>C mode.

3. Set HMST =1 to select the master mode of operation.
Before enabling the SHI as an I°C master, the programmer should program the appropriate clock rate in
HCKR. When configured in the I°C master mode, the SHI external pins operate as follows:

* SCKJ/SCL is the SCL open drain serial clock output.

*  MISO/SDA is the SDA open drain serial data line.

*  MOSI/HAO is the HAO slave device address input.

« SS/HA2 is the HA2 slave device address input.

* HREQ is the Host Request input.
In the I°C master mode, a data transfer session is always initiated by the DSP by writing to the HTX
register when the HIDLE bit is set. This condition ensures that the data byte written to the HTX register is
interpreted as being a slave address byte. This data byte must specify the slave device address to be selected
and the requested data transfer direction.

NOTE

The slave address byte should be located in the high byte of the data word,
because the middle and low bytes of the data word are ignored. Only one
byte (the slave address byte) is shifted out, independent of the word length
defined by the HM[1:0] bits.

To the DSP to initiate a data transfer, the following actions should be performed:

¢ The DSP tests the HIDLE status bit.

o If the HIDLE status bit is set, the DSP writes the slave device address and the R/W bit to the most
significant byte of the HTX register.

* The SHI generates a start event.

+ The SHI transmits one byte only, internally samples the R/W direction bit (last bit) and accordingly
initiates a receive or transmit session.

* The SHI inspects the SDA level at the 9th clock pulse to determine the ACK value:

— If acknowleiged (ACK = 0), the SHI starts its receive or transmit session according to the
sampled R/W value.
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— If not acknowledged (ACK = 1), the HBER status bit in the HCSR register is set, which causes
an SHI Bus Error interrupt request (if the HBIE bit is set), and a stop event is generated.

If the HRQE([ 1:0] bits are cleared, then the I>C master device ignores the HREQ input pin. If either of the
HRQE[1:0] bits are set, then the I?C master device considers the HREQ input pin.

When asserted, HREQ indicates that the external slave device is ready for the next data transfer. As a result,
the I>C master device sends clock pulses for the full data word transfer. At the first clock pulse of the next
data transfer, the external slave device deasserts HREQ. When deasserted, HREQ prevents the clock
generation of the next data word transfer, until HREQ is asserted again.

Connecting the HREQ line between two SHI-equipped DSPs enables full hardware handshaking, with one
DSP operating as an I°C master device and the other DSP operating as an 12C slave device.

10.6.4.1 Receive Data in 12C Master Mode

A receive session is initiated if the R/W direction bit of the transmitted slave device address byte is set.
Following a receive initiation, data in the SDA line is shifted (MSB first) into the IOSR register. Following
each received byte, an acknowledge (ACK = 0) is sent at the 9th clock pulse via the SDA line, if the HIDLE
control bit is cleared. Data is acknowledged byte-wise, as required by the IC bus protocol, and is
transferred to the HRX FIFO when the complete word (according to HM[1:0] bits) is loaded into the IOSR
register. It is the programmer’s responsibility to select the correct number of bytes in an 12C frame so that
the bytes fit in a complete number of words. For this purpose, the slave device address byte does not count
as part of the data; the slave device address byte is treated separately.

If the I2C slave transmitter is acknowledged, it should transmit the next data byte. To terminate the receive
session, the programmer should set the HIDLE bit at the last required data word. As a result, the last byte
of the next received data word is not acknowledged, the slave transmitter releases the SDA line, and the
SHI generates the stop event and terminates the session.

In a receive session, only the receive path is enabled and the HTX-register-to-IOSR-register transfers are
inhibited. If the HRNE status bit is set, the HRX FIFO contains valid data, which may be read by the DSP
using either DSP instructions or DMA transfers. When the HRX FIFO is full, the SHI suspends the serial
clock prior to acknowledge. In this case, the clock is re-activated when the FIFO is read (the SHI gives an
ACK = 0 and starts receiving).

10.6.4.2 Transmit Data In I12C Master Mode

A transmit session is initiated if the R/W direction bit of the transmitted slave device address byte is
cleared. Following a transmit initiation, the IOSR register is loaded from the HTX register (assuming that
the HTX register is not empty), and the HTX register’s contents are shifted out (MSB-first) onto the SDA
line. Following each transmitted byte, the SHI controller samples the SDA line at the 9th clock pulse and
inspects the ACK status:

* If the transmitted byte was acknowledged (ACK = 0), the SHI controller continues transmitting the
next byte.

* If the transmitted byte was not acknowledged (ACK = 1), the HBER status bit is set to inform the
DSP side that a bus error (or overrun, or any other exception in the slave device) has occurred.
Consequently, the I°C master device generates a stop event and terminates the session.
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The HTX register contents are transferred to the IOSR register when the complete word (according to
HM[1:0] bits) has been shifted out. It is the programmer’s responsibility to select the right number of bytes
in an I°C frame so that the bytes fit in a complete number of words. Remember that for this purpose, the
slave device address byte does not count as part of the data.

In a transmit session, only the transmit path is enabled and the IOSR-register-to-HRX FIFO transfers are
inhibited. When the HTX register transfers its valid data word to the IOSR register, the HTDE status bit is
set and the DSP may write a new data word to the HTX register using either DSP instructions or DMA
transfers. If both IOSR and HTX registers are empty, the SHI suspends the serial clock until new data is
written into the HTX register (when the SHI proceeds with the transmit session) or until the HIDLE bit is
set (the SHI re-activates the clock to generate the stop event and terminate the transmit session).

10.6.5 SHI Operation During DSP Stop

The SHI operation cannot continue when the DSP is in the stop state, because no DSP clocks are active.
While the DSP is in the stop state, the SHI remains in the individual reset state.

While in the individual reset state the following is true:
» If the SHI was operating in I°C mode, the SHI signals are disabled (high impedance state).
» If the SHI was operating in SPI mode, the SHI signals are not affected.

» The HCSR status bits and the transmit/receive paths are reset to the same state produced by
hardware or software resets.

¢ The HCSR and HCKR control bits are not affected.

NOTE
It is recommended that you disable the SHI before entering the stop state.

10.7 SHI Pin-Outs for Device Packages

10.7.1  SHI Pin-Outs for Small Pin Count Packages

The DSP56721 80-pin and DSP56720 144-pin packages still allow both DSP cores to be accessible to an
external microcontroller.
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Figure 10-12. SHI/SHI_1 Pin-Outs in Small Pin Count Packages

In the DSP56721 80-pin and DSP56720 144-pin packages, all the pins of both SHI and SHI_1 are
multiplexed, except for two signals: SS/HA2 and SS_1/HA2_1. This multiplexing of pins sets some limits
on operations:

Both SHI and SHI_1 are in I>C slave mode together. SS/HA?2 is the HA2 slave device address input
of SHI; SS_1/HA2_1 is the device address input of SHI_1. To obtain the slave address, the
following bits are combined and formed into HA[6:0]: the HA[6:3], HA1 bits in the SHI/SHI_1
configuration registers, and the HAO and HA?2 pins. The SHI can acknowledge the read/write
request when the request slave device address is the same as its own address. So in small packages,
the two SHIs can be configured in I2C slave mode together and set to different addresses by the
setting the HA2/HA2_1 pin.

Otherwise, if one of the SHI/SHI 1 blocks is in I2C slave mode, the other block must be in I2C
master mode or disabled.

If one of the SHI/SHI_1 blocks is in I2C master mode, the other block must be disabled or in 12C
slave mode.

If both cores are in SPI slave mode:

When SHI(SHI_1) is in SPI slave mode, SS/HA2(SS_1/HA2_1)is the SS(SS_1) input. In SPI slave
mode, the SS line should be kept asserted (low) during a data word transfer. If the SS line is
deasserted (high) before the end of the data word transfer, the transfer is aborted and the received
data word is lost. So in small packages, the two SHI can be configured in SPI slave mode, and can
transfer data (at different times) by setting the SS or SS_1 pins active at different times. These pins
can never be active simultaneously or contention occurs.

Otherwise, if one of the SHI/SHI_1 blocks is in SPI slave mode, then the other block must be
disabled.

If one of the SHI/SHI_1 blocks is in SPI master mode, then the other block must be disabled.
Otherwise, if the other SHI/SHI_1 block is enabled, then the multiplexed pins conflict with each
other.
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*  When both SHI and SHI_1 are not in SPI mode, HREQ can act as GPIO port H function or GPIO
port H1 function, but only one of the SHI/SHI_1 blocks at a time can control the output function
of the HREQ pin.

NOTE

Because both HREQ and HREQ_1 are function-multiplexed with GPIO
port H functions, write the appropriate, non-contending values to the GP1IO
control registers before enabling the SHI function.

These constraints on SHI operations also apply to the boot modes of each core. Care must be taken when
selecting boot modes.

10.7.2 SHI Pin-Out in DSP56721 144-Pin Packages
Both SHI peripherals are fully pinned out.
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Figure 10-13. SHI/SHI_1 Pin-Outs in DSP56721 144-Pin Packages
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Chapter 11
Triple Timer Module (TEC, TEC_1)

11.1 Introduction

In the DSP56720/DSP56721, there are two internal triple timer modules (TEC, TEC_1), that can act as
timed pulse generators or as pulse-width modulators. DSP Core-0 uses TEC; DSP Core-1 uses TEC_1. For
each triple-timer block (TEC or TEC_1), each of the three timers has a single signal (TIOx), which is also
pin-shared with the HDI24 module. Each TIOx signal can function as a GPIO signal or as a timer signal.
For more information about TIOX pins, see Table 2-18 and Table 2-19.

The three timers can also function as event counters (to capture an event) or can measure the width or
period of a signal. The TEC and TEC_1 blocks are identical except:

* TEC is used by Core-0, TEC_1 is used by Core-1;

* Each of the TEC and TEC_1 pins also has a third functional output.

In this chapter, only the TEC block is described in detail.

11.1.1 Overview

The timer module contains a common 21-bit prescaler and three independent and identical
general-purpose, 24-bit timer/event counters, each with its own register set. Each of the timers has the
following capabilities:
* Uses internal or external clocking.
* Interrupts the DSP Core after a specified number of events (clocks), or signals an external device
after counting internal events.
» Triggers DMA transfers after a specified number of events (clocks) occurs.

* Connects to the external world through one bidirectional signal, designated TIO[O, 1, 2] for timers
0,1, 2.

When TIOx is configured as an input, the timer functions as an external event counter or measures external
pulse widths or signal periods. When TIOx is configured as an output, the timer functions as a timer, a
watchdog timer, or a pulse-width modulator. When TIOx is not used by a timer, it can be used as a GPIO
signal (also called TIO[O, 1, 2]).

11.1.2 Triple Timer Module Block Diagram

Figure 11-1 shows a block diagram of the triple timer module. This module includes a 24-bit Timer
Prescaler Load Register (TPLR), a 24-bit Timer Prescaler Count Register (TPCR), and three timers. Each
timer can use the prescaler clock as its clock source.
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Figure 11-1. Triple Timer Block Diagram

Individual Timer Block Diagram

Figure 11-2 shows the structure of an individual timer block. The DSP56720/DSP56721 treats each timer
as a memory-mapped peripheral with four registers occupying four 24-bit words in the X data memory
space. The three timers are identical in structure and function. Either standard polled or interrupt
programming techniques can be used to service the timers. A single, generic timer is discussed in this
chapter. Each timer includes the following:

24-bit counter

24-bit read/write Timer Control and Status Register (TCSR)
24-bit read-only Timer Count Register (TCR)

24-bit write-only Timer Load Register (TLR)

24-bit read/write Timer Compare Register (TCPR)

Logic for clock selection and interrupt/DMA trigger generation.

The timer mode is controlled by the TC[3-0] bits which are TCSR[7—4]. For a listing of the timer modes
and descriptions of their operations, see Section 11.4, “Operating Modes.”
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Figure 11-2. Individual Timer Block Diagram

11.3 Operation

This section discusses the following timer basics:
* Reset
* Initialization
* Exceptions

11.3.1 Timer After Reset

A hardware RESET signal or software RESET instruction clears the Timer Control and Status Register for
each timer, thus configuring each timer as a GPIO. A timer is active only if the timer enable bit 0
(TCSRITE]) in the specific timer TCSR register is set.

11.3.2 Timer Initialization

To initialize a timer, do the following:
1. Ensure that the timer is not active, either by sending a reset or by clearing the TCSR[TE] bit.

2. Configure the control register (TCSR) to set the timer operating mode. Set the interrupt enable bits
as desired.
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3. Configure the other registers: Timer Prescaler Load Register (TPLR), Timer Load Register (TLR),
and Timer Compare Register (TCPR).

4. Enable the timer by setting the TCSR[TE] bit.

11.3.3 Timer Exceptions

Each timer can generate two different exceptions:

* Timer Overflow (highest priority) — Occurs when the timer counter reaches the overflow value.
This exception sets the TOF bit. The TOF bit is cleared when “1” is written to it or when the timer
overflow exception is serviced.

* Timer Compare (lowest priority) — Occurs when the timer counter reaches the value given in the
Timer Compare Register (TCPR), for all modes except measurement modes. In measurement
modes 4-6, a compare exception occurs when the appropriate transition occurs on the TIO signal.
The Compare exception sets the TCF bit. The TCF bit is cleared when “1” is written to it or when
the timer compare interrupt is serviced.

To configure a timer exception, perform the following steps. The text to the right of each step shows the
register settings for configuring a Timer O compare interrupt. The order of the steps is optional except that
the timer should not be enabled (step 2e) until all other exception configuration is complete:

1. Configure the interrupt service routine (ISR):
a) Load vector base address register. VBA (b23-8)

b) Define I_VEC to be equal to the VBA value (if that is nonzero). If it is defined, I_VEC must
be defined for the assembler before the interrupt equate file is included.

¢) Load the exception vector table entry: two-word fast interrupt, or jump/branch to subroutine
(long interrupt). p:TIMOC

2. Configure the interrupt trigger:

a) Enable and prioritize overall peripheral interrupt functionality. IPRP (TOL[1-0])
b) Enable a specific peripheral interrupt. TCSRO (TCIE)

¢) Unmask interrupts at the global level. SR (I[1-0])

d) Configure a peripheral interrupt-generating function. TCSRO (TC[7-4])
e) Enable peripheral and associated signals. TCSRO (TE)

11.4 Operating Modes

These timers have operating modes that meet a variety of system requirements, as follows:
e Timer
— GPIO, mode 0O: Internal timer interrupt generated by the internal clock.
— Pulse, mode 1: External timer pulse generated by the internal clock.
— Toggle, mode 2: Output timing signal toggled by the internal clock.
— Event counter, mode 3: Internal timer interrupt generated by an external clock.
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4 Freescale Semiconductor



Triple Timer Module (TEC, TEC_1)

Measurement

— Input width, mode 4: Input pulse width measurement.
— Input period, mode 5: Input signal period measurement.
— Capture, mode 6: Capture external signal.

PWM, mode 7: Pulse width modulation.

Watchdog

— Pulse, mode 9: Output pulse, internal clock.

— Toggle, mode 10: Output toggle, internal clock.

NOTE

To ensure proper operation, the TCSR TC[3-0] bits should be changed only
when the timer is disabled (that is, when TCSR[TE] is cleared).

11.4.1  Triple Timer Modes

For all triple timer modes, the following points are true:

11

The TCSR[TE] bit is set to clear the counter and enable the timer. Clearing TCSR[TE] disables the
timer.

The value to which the timer is to count is loaded into the TCPR register. (This is true for all modes
except the measurement modes (modes 4 through 6).

The counter is loaded with the TLR value on the first clock.

If the counter overflows, TCSR[TOF] is set, and if TCSR[TOIE] is set, an overflow interrupt is
generated.

You can read the counter contents at any time from the Timer Count Register (TCR).

4.1.1 Timer GPIO (Mode 0)
Table 11-1. Timer GPIO (Mode 0)
Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 0 0 0 GPIO Timer GPIO Internal

In Mode 0, the timer generates an internal interrupt when a counter value is reached, if the timer compare
interrupt is enabled (see Figure 11-3. and Figure 11-4.). When the counter equals the TCPR register value,
TCSR[TCF] is set and a compare interrupt is generated (if the TCSR[TCIE] bit is set). If the TCSR[TRM]
bit is set, the counter is reloaded with the TLR register value at the next timer clock and the count is
resumed. If TCSR[TRM] is cleared, the counter continues to increment on each timer clock signal. This
process repeats until the timer is disabled.
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Mode 0 (Internal clock, no timer output): TRM = 1

N = write preload first event last event
M = write compare ¢
TE

TLR ><N /

Clock ’_‘
(CLK/2 or prescale CLK) )
'(
X

Counter (TCR)

TCPR > M

TCF (Compare Interrupt if TCIE = 1) Q"

Figure 11-3. Timer Mode (TRM = 1)

Mode 0 (Internal clock, no timer output): TRM =0

N = write preload first event last event
M = write compare ¢
TE

(CLK/2 or prescale CLK)

Clock [ ] S\ L L L]
[/

TLR ><N /

>{o >C< N N+1 > M\%<M+1>< 0)X1
TCPR >M /

TCF (Compare Interrupt if TCIE = 1) (.‘

Counter (TCR)

TOF (Overflow Interrupt if TCIE = 1)

Figure 11-4. Timer Mode (TRM = 0)
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11.4.1.2 Timer Pulse (Mode 1)
Table 11-2. Timer Pulse (Mode 1)

Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 0 0 1 1 Timer Pulse Timer Output Internal

In Mode 1, the timer generates an external pulse on its TIO signal when the timer count reaches a pre-set
value. The TIO signal is loaded with the value of the TCSR[INV] bit. When the counter matches the TCPR
register value, TCSR[TCF] is set and a compare interrupt is generated (if the TCSR[TCIE] bit is set). The
polarity of the TIO signal is inverted for one timer clock period.

If TCSR[TRM] is set, the counter is loaded with the TLR register value on the next timer clock and the
count is resumed. If TCSR|[TRM] is cleared, the counter continues to increment on each timer clock. This
process repeats until TCSR[TE] is cleared (disabling the timer).

The TLR value in the TCPR register sets the delay between starting the timer and generating the output
pulse. To generate successive output pulses with a delay of X clock cycles between signals, set the TLR
value to X/2 and set the TCSR[TRM] bit. This process repeats until the timer is disabled.

Mode 1 (internal clock): TRM = 1

N = write preload jrst event

M = write compare

Clock ﬁ\lllllllf

(CLK/2 or prescale CLK) )

TLR <N/ >
:

Counter (TCR)

TCPR >

TCF (Compare Interrupt if TCIE = 1) Q’

TIO pin (INV = 0) pulse width =

timer clock

TIO pin (INV = 1) period

Figure 11-5. Pulse Mode (TRM = 1)
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Mode 1 (internal clock): TRM =0
N = write preload
M = write compare

first event

|
v

e T T ML

(CLK/2 or prescale CLK) ‘ |

TLR >IN/

a
Counter (TCR) 0 N N M- M+ 1 0 1

/——'/’J \\
TCPR M //
TCF (Compare Interrupt if TCIE = 1) A /
//
/
TIO pin (INV = 0) pulse width =‘ /
timer clock /

period
TIO pin (INV = 1)
TOF (Overflow Interrupt if TCIE = 1) \A

Figure 11-6. Pulse Mode (TRM = 0)

11.4.1.3 Timer Toggle (Mode 2)
Table 11-3. Timer Toggle (Mode 2)

Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 0 1 0 2 Toggle Timer Output Internal

In Mode 2, the timer periodically toggles the polarity of the TIO signal. When the timer is enabled, the
TIO signal is loaded with the value of the TCSR[INV] bit. When the counter value matches the value in
the TCPR register, the polarity of the TIO output signal is inverted. TCSR[TCF] is set, and a compare
interrupt is generated if the TCSR[TCIE] bit is set.

If the TCSR[TRM] bit is set, the counter is loaded with the value of the TLR register when the next timer
clock is received, and the count resumes. If the TRM bit is cleared, the counter continues to increment on
each timer clock. This process repeats until the timer is cleared (disabling the timer). The TCPR[TLR]
value sets the delay between starting the timer and toggling the TIO signal. To generate output signals with
a delay of X clock cycles between toggles, set the TLR value to X/2, and set the TCSR[TRM] bit. This
process repeats until the timer is disabled (that is, TCSR[TE] is cleared).
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Mode 2 (internal clock): TRM =1 st event
N = write preload ¢

Triple Timer Module (TEC, TEC_1)

M = write compare

TE

Clock ’—‘ ﬁ ‘ ‘

(CLK/2 or prescale CLK) ‘ ‘

TLR N /‘

<
Counter (TCR) 0 N N + 1

TCPR M

TCF (Compare Interrupt if TCIE = 1)

(

TIO pin (INV = 0)

pulse width =
M - N clock

TIO pin (INV = 1)

periods

o
—
L

Figure 11-7. Toggle Mode, TRM = 1

Mode 2 (internal clock): TRM =0 i cyent

N = write preload ¢
M = write compare

TE K
Clock m

(CLK/2 or prescale CLK)

I LT

TLR N

o 4
Counter(TcR) <0 x| N N+ 1 M+ 1 0 >

TCPR M

TCF (Compare Interrupt if TCIE = 1)

TIO pin (INV = 0)

TIO pin (INV = 1)

TOF (Overflow Interrupt if TCIE = 1)

‘ First toggle = M - N clock periods
Second and later toggles = 2 24 clock periods

:ff‘aﬁ

Figure 11-8. Toggle Mode, TRM =0
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11.4.1.4 Timer Event Counter (Mode 3)

Table 11-4. Timer Event Counter (Mode 3)

Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 0 1 1 3 Event Counter Timer Input External

In Mode 3, the timer counts external events and issues an interrupt (if the interrupt enable bits are set) when
the timer counts a preset number of events. The timer clock signal can be taken from either the TIO input
signal or the prescaler clock output. If an external clock is used, it is synchronized internally to the internal
clock, and its frequency must be less than the DSP56720/DSP56721 internal operating frequency divided
by 4. The value of the TCSR[INV] bit determines whether low-to-high (0 to 1) transitions or high-to-low
(1 to 0) transitions increment the counter. If the INV bit is set, high-to-low transitions increment the
counter. If the INV bit is cleared, low-to-high transitions increment the counter.

When the counter matches the value contained in the TCPR register, TCSR[TCF] is set and a compare
interrupt is generated if the TCSR[TCIE] bit is set. If the TCSR[TRM] bit is set, the counter is loaded with
the value of the TLR register when the next timer clock is received, and the count is resumed. If the
TCSR[TRM] bit is cleared, the counter continues to increment on each timer clock. This process repeats
until the timer is disabled.

Mode 3 (internal clock): TRM =1

N = write preload first event
M = write compare \

v
\\
TE
\ if clock source
Vo is from TIO pin,
Clock TIO < CPUCLK + 4
(TIO pin or prescale CLK) “‘
TLR N
{ “
< v
Counter (TCR) 0 N N+ 1 M N
)
TCPR <M
. ————— interrupts every
TCF (Compare Interrupt if TCIE = 1) \$ M - N clock
periods

NOTE: If INV = 1, counter is clocked on 1-to-0 clock transitions, instead of 0-to-1 transitions.

Figure 11-9. Event Counter Mode, TRM = 1
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Mederiintexnalic) oek BRI if clock source is from TIO pin,

N = write preload first event TIO < CPUCLK +4
M = write compare ¢

N\
TE \

oo T 1 ANRLTL ML T

(TIO pin or prescale CLK) “\

TLR N 7

v i
Counter (TCR) 0 >{ N N+ 1 M- AM+1 0 1
\
TCPR <M // J
“r' _ _~
TCF (Compare Interrupt if TCIE = 1) S~ Ve

TOF (Overflow Interrupt if TCIE = 1) \A

NOTE: If INV = 1, counter is clocked on 1-to-0 clock transitions, instead of 0-to-1 transitions.

Figure 11-10. Event Counter Mode, TRM =0

11.4.2 Signal Measurement Modes

The following signal measurement and pulse width modulation modes are provided:
* Measurement input width (Mode 4)
* Measurement input period (Mode 5)
* Measurement capture (Mode 6)
e Pulse width modulation (PWM) mode (Mode 7)
The external signal synchronizes with the internal clock that increments the counter. This synchronization

process can cause the number of clocks measured for the selected signal value to vary from the actual
signal value by plus or minus one counter clock cycle.

11.4.2.1 Measurement Input Width (Mode 4)
Table 11-5. Measurement Input Width (Mode 4)

Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 1 0 0 4 Input width Measurement Input Internal

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Triple Timer Module (TEC, TEC_1)

In Mode 4, the timer counts the number of clocks that occur between opposite edges of an input signal.
After the first appropriate transition (as determined by the TCSR[INV] bit) occurs on the TIO input signal,
the counter is loaded with the TLR register value.

If TCSR[INV] is set, the timer starts on the first high-to-low (1 to 0) signal transition on the TIO signal. If
the TCSR[INV] bit is cleared, the timer starts on the first low-to-high (that is, O to 1) transition on the TIO
signal.

When the first transition opposite in polarity to the INV bit setting occurs on the TIO signal, the counter
stops. TCSR[TCF] is set and a compare interrupt is generated if the TCSR[TCIE] bit is set. The value of
the counter (which measures the width of the TIO pulse) is loaded into the TCR register, which can be read
to determine the external signal pulse width. If the TCSR[TRM] bit is set, the counter is loaded with the
TLR register value on the first timer clock received following the next valid transition on the TIO input
signal, and the count resumes. If TCSR[TRM] is cleared, the counter continues to increment on each timer
clock. This process repeats until the timer is disabled.

Mode 4 (internal clock): TRM =1 first event
N = write preload |
: v
M = write compare

TE

Clock N
(CLK/2 or prescale CLK) / ) |

TR >N
Counter 0 N N+ 1 < M
v

-
e

\ Next 0-to-1 edge
N on TIO loads
TCR | 4 M counter and

; /’ process repeats
~/ width being measured

TIO pin

Interrupt Service

TCF (Compare Interrupt if TCIE = 1) S N dlock

periods

NOTE: If INV = 1, a 1-to-0 edge on TIO loads the counter, and a 0-to-1 edge on TIO
stops the counter and loads TCR with the count.

Figure 11-11. Pulse Width Measurement Mode, TRM = 1
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Mode 4 (internal clock): TRM =1 first event

N = write preload
M = write compare

\
v

Triple Timer Module (TEC, TEC_1)

TE

Clock

(CLK/2 or prescale CLK)

TLR

Counter

Next 0-to-1 edge

TCR

TIO pin

width being measured

TCF (Compare Interrupt if TCIE = 1)

on TIO starts
counter from current
count and process
repeats. Overflow
may occur (TOF = 1).

NOTE: If INV = 1, a 1-to-0 edge on TIO loads the counter, and a 0-to-1 edge on TIO

stops the counter and loads TCR with the count.

Figure 11-12. Pulse Width Measurement Mode, TRM = 0

Interrupt Service
reads TCR for
accumulated width

of M - N clock periods.

11.4.2.2 Measurement Input Period (Mode 5)
Table 11-6. Measurement Input Period (Mode 5)
Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 1 0 1 5 Input period Measurement Input Internal

In Mode 5, the timer counts the period between the reception of signal edges of the same polarity across
the TIO signal. The value of the INV bit determines whether the period is measured between consecutive
low-to-high (0 to 1) transitions of TIO or between consecutive high-to-low (1 to 0) transitions of TIO. If
INV is set, high-to-low signal transitions are selected. If INV is cleared, low-to-high signal transitions are

selected.

After the first appropriate transition occurs on the TIO input signal, the counter is loaded with the TLR
register value. On the next signal transition of the same polarity that occurs on TIO, TCSR[TCF] is set,
and a compare interrupt is generated (if the TCSR[TCIE] bit is set). The contents of the counter load into
the TCR register. The TCR register then contains the value of the time that elapsed between the two signal
transitions on the TIO signal. After the second signal transition, if the TCSR[TRM] bit is set, the
TCSR[TE] bit is set to clear the counter and enable the timer. The counter is repeatedly loaded and
incremented until the timer is disabled. If the TCSR[TRM] bit is cleared, the counter continues to

increment until it overflows.
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Mode 5 (internal clock): TRM =1 first event
N = write preload
M = write compare

TE

Clock
(CLK/2 or prescale CLK) )

R <N ) 7 ’
ﬁ(og N > N+1

Counter =

-

Counter continues

. counting, does
TCR ) M not Stop

period being|measured

TIO pin
Interrupt Servicge
TCF (Compare Interrupt if TCIE = 1) Leﬁﬂd_s |:1r %E};Eemd

periods

NOTE: If INV = 1, a 1-to-0 edge on TIO loads the counter, and a 0-to-1 edge on TIO
loads TCR with count and the counter with N.

Figure 11-13. Period Measurement Mode, TRM = 1

Mode 5 (internal clock): TRM = 0 first event

N = write preload
M = write compare

TE

Clock
(CLK/2 or prescale CLK) )

TLR N ’
\( <” \)”N+1\M

Counter 0 N 9 A M+
Counter continues
. counting, does
TCR e M not stop. Overflow
f may occur (TOF=1).
TIO pin period beingmeasured
Interrupt Service
. — ds TCR; period
TCF (Compare Interrupt if TCIE = 1) CMoN dock

periods
NOTE: If INV = 1, a 1-to-0 edge on TIO loads the counter, and a 0-to-1 edge on TIO
loads TCR with count and the counter with N.

Figure 11-14. Period Measurement Mode, TRM = 0
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11.4.2.3 Measurement Capture (Mode 6)

Table 11-7. Measurement Capture (Mode 6)

Triple Timer Module (TEC, TEC_1)

Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 1 1 0 6 Capture Measurement Input Internal

In Mode 6, the timer counts the number of clocks that elapse between when the timer starts and when an

external signal is received. At the first appropriate transition of the external clock detected on the TIO

signal, TCSR[TCF] is set and, if the TCSR[TCIE] bit is set, a compare interrupt is generated. The counter
halts. The contents of the counter are loaded into the TCR register. The value of the TCR register represents
the delay between the setting of the TCSR[TE] bit and the detection of the first clock edge signal on the

TIO signal.

The value of the INV bit determines whether a high-to-low (1 to 0) or low-to-high (0 to 1) transition of the
external clock signals the end of the timing period. If the INV bit is set, a high-to-low transition signals the
end of the timing period. If INV is cleared, a low-to-high transition signals the end of the timing period.

Mode 6 (internal clock): TRM = 1

N = write preload Irst event
M = write compare

TE

Clock

(CLK/2 or prescale CLK)

TLR >< N

Counter stops

may occur before
capture (TOF = 1)

Counter— =10 N ON+1 4 M N counting; overflow
TCR /> M

f
TIO pin delay being measured

TCF (Compare Interrupt if TCIE = 1)

NOTE: If INV = 1, a 1-to-0 edge on TIO loads TCR with count and stops the counter.

Figure 11-15. Capture Measurement Mode, TRM = 0

Interrupt Service
reads TCR; delay
=M - N clock
periods
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11.4.2.4 Pulse Width Modulation (PWM, Mode 7)
Table 11-8. Pulse Width Modulation (PWM) (Mode 7)

Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
0 1 1 1 7 Pulse width modulation PWM Output Internal

In Mode 7, the timer generates periodic pulses of a preset width. When the counter equals the value in the
TCPR register, the TIO output signal is toggled and TCSR[TCF] is set. The contents of the counter are
placed into the TCR register. If the TCSR[TCIE] bit is set, a compare interrupt is generated. The counter
continues to increment on each timer clock.

If counter overflow occurs, the TIO output signal is toggled, TCSR[TOF] is set, and an overflow interrupt
is generated if the TCSR[TOIE] bit is set. If the TCSR[TRM] bit is set, the counter is loaded with the TLR
register value on the next timer clock and the count resumes. If the TCSR[TRM] bit is cleared, the counter
continues to increment on each timer clock. This process repeats until the timer is disabled.

When the TCSR[TE] bit is set and the counter starts, the TIO signal assumes the value of INV. On each
subsequent toggle of the TIO signal, the polarity of the TIO signal is reversed. For example, if the INV bit
is set, the TIO signal generates the following signal: 1010. If the INV bit is cleared, the TIO signal
generates the following signal: 0101.

The value of the TLR register determines the output period (SFFFFFF — TLR + 1). The timer counter
increments the initial TLR register value and toggles the TIO signal when the counter value exceeds
$FFFFFF.

The duty cycle of the TIO signal is determined by the value in the TCPR register. When the value in the
TLR register increments to a value equal to the value in the TCPR register, the TIO signal is toggled. The
duty cycle is equal to (SFFFFFF — TCPR) divided by ($FFFFFF — TLR + 1). For a 50 percent duty cycle,
the value of TCPR is equal to ($FFFFFF + TLR + 1)/2.

NOTE

The value in the TCPR register must be greater than the value in the TLR
register.
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: . - Period = $FFFFFF - TLR + 1
Mode 7 (internal clock): TRM = 1 Duty cycle = (SFFEFFF - TCPR)
N = write preload first event Ensure that TCPR > TLR for correct functionality
M = write compare v
TE
Glock L L LT L
(CLK/2 or prescale CLK)
TLR N / / /
Counter (TCR) N M M+ 1 0 N N+ 1

|
TCPR <M /)
| [/
TCF (Compare Interrupt: if TCIE = 1)

TCF (Overflow Interrupﬁ| if TDIE = 1) \
|
|
|

TIO pin (INV = 0)

TIO pin (INV = 1)

4—— Pulse width —»‘
#—  Period

Figure 11-16. Pulse Width Modulation Toggle Mode, TRM = 1
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Mode 7 (internal clock): TRM = 0 Period = $FFFFFF - TLR + 1
Duty cycle = ($FFFFFF - TCPR)
N = write preload first event Ensure that TCPR > TLR for correct functionality
M = write compare v
TE

(CLK/2 or prescale CLK)

TLR N/

/
(

W§ gligiiplipiinl
/
(AN

Counter (TCR) ¢ 0O

|
TCPR <M /
|

' [/
TCF (Compare Interrupt: if TCIE=1) L'

TCF (Overflow Interrupﬁ' if TDIE = 1) K

| \
TIO pin (INV = 0) |

TIO pin (INV = 1)

4—— Pulse width —»‘
—— Period

NOTE: On overflow, TCR is loaded with the value of TLR.

Figure 11-17. Pulse Width Modulation Toggle Mode, TRM = 0

11.4.3 Watchdog Modes

The following watchdog timer modes are provided:
*  Watchdog Pulse
* Watchdog Toggle
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11.4.3.1 Watchdog Pulse (Mode 9)
Table 11-9. Watchdog Pulse (Mode 9)

Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock
1 0 0 1 9 Pulse Watchdog Output Internal

In Mode 9, the timer generates an external signal at a preset rate. The signal period is equal to the period
of one timer clock. After the counter reaches the value in the TCPR register, if the TCSR[TRM] bit is set,
the counter is loaded with the TLR register value on the next timer clock and the count resumes. Therefore
TRM =1 is not useful for watchdog functions.

If the TCSR[TRM] bit is cleared, the counter continues to increment on each subsequent timer clock. This
process repeats until the timer is disabled (that is, TCSR[TE] is cleared). If the counter overflows, a pulse
is output on the TIO signal with a pulse width equal to the timer clock period. If the INV bit is set, the pulse
polarity is high (logical 1). If INV is cleared, the pulse polarity is low (logical 0).

The counter reloads when the TLR register is written with a new value while the TCSR[TE] bit is set. In
Mode 9, internal logic preserves the TIO value and direction for an additional 2.5 internal clock cycles after
the hardware RESET signal is asserted. This convention ensures that a valid RESET signal is generated
when the TIO signal resets the DSP56720/DSP56721.
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Mode 9 (internal clock): TRM = 0 (Software does not reset watchdog timer; watchdog times out)

N = write preload Erst event TRM = 1 is not useful for watchdog function

M = write compare
TE

Clock | .
(CLK/2 or prescale CLK)

TLR

. N /
Counter (TCR) > /L)g S N+1 >< M~ M+ 1 0. <1

\
/

TCPR M

TCF (Compare Interrupt if TCIE = 1) &,

TOF (Overflow Interrupt if TOIE = 1)

float \* ;
pulse width ’
TIO pin (INV = 0) low | = timer |

clock period
/ .
: float high
TIO pin (INV = 1)
TIO can connect to the RESET pin, internal hardware preserves the TIO value and
direction for an additional 2.5 clocks to ensure a reset of valid length.
Figure 11-18. Watchdog Pulse Mode
11.4.3.2 Watchdog Toggle (Mode 10)
Table 11-10. Watchdog Toggle (Mode 10)
Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO Mode Name Function TIO Clock

1 0 1 0 10 Toggle Watchdog Output Internal

In Mode 10, the timer toggles an external signal after a preset period. The TIO signal is set to the value of
the INV bit.When the counter equals the value in the TCPR register, TCSR[TCF] is set, and a compare
interrupt is generated (if the TCSR[TCIE] bit is also set). If the TCSR[TRM] bit is set, the counter loads
with the TLR register value on the next timer clock and the count resumes. Therefore, TRM = 1 is not
useful for watchdog functions. If the TCSR[TRM] bit is cleared, the counter continues to increment on
each subsequent timer clock. When a counter overflow occurs, the polarity of the TIO output signal is
inverted.

The counter is reloaded whenever the TLR register is written with a new value while the TCSR[TE] bit is
set. This process repeats until the timer is disabled. In Mode 10, internal logic preserves the TIO value and
direction for an additional 2.5 internal clock cycles after the hardware RESET signal is asserted. This
convention ensures that a valid reset signal is generated when the TIO signal resets the DSP56721.
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Mode 10 (internal clock): TRM =0 first event TRM = 1 is not useful for watchdog function
N = write preload v
M = write compare
TE ——
Clock L
(CLK/2 or prescale CLK) )
TLR AN /
Counter (TCR) \Q o < N N+1 < |v|> M+ 1 0\ T
TCPR M )
TCF (Compare Interrupt if TCIE = 1) &

TOF (Overflow Interrupt if TOIE = 1)

float k’
TIO pin (INV = 0) low |

float - hi
gh
TIO pin (INV = 1) ‘—

TIO can connect to the RESET pin, internal hardware preserves the TIO value and
direction for an additional 2.5 clocks to ensure a reset of valid length.

Figure 11-19. Watchdog Toggle Mode

11.4.4 Reserved Modes
Modes 8, 11, 12, 13, 14, and 15 are reserved.

11.4.5 Special Cases

The following special cases apply during wait and stop state.

* Timer behavior during wait—Timer clocks are active during the execution of the WAIT instruction
and timer activity is undisturbed. If a timer interrupt is generated, the DSP56721 leaves the wait
state and services the interrupt.

* Timer behavior during stop—During execution of the STOP instruction, the timer clocks are
disabled, timer activity stops, and the TIO signals are disconnected. Any external changes that
happen to the TIO signals are ignored when the corresponding DSP Core is in stop state. To ensure
correct operation, disable the timers before the corresponding DSP Core is placed into stop state.

11.4.6 DMA Trigger

Each timer can also trigger DMA transfers if a DMA channel is programmed to be triggered by a timer
event. The timer issues a DMA trigger on every event in all modes of operation. To ensure that all DMA
triggers are serviced, provide for the preceding DMA trigger to be serviced before the DMA channel
receives the next trigger.
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11.5 Triple Timer Module Programming Model

The timer programmer’s model in Figure 11-20. shows the structure of the timer registers.

11.5.1 Prescaler Counter

The prescaler counter is a 21-bit counter that decrements on the rising edge of the prescaler input clock.
The counter is enabled when at least one of the three timers is enabled (that is, one or more of the timer
enable bits are set) and is using the prescaler output as its source (that is, one or more of the PCE bits are
set).

23 0
Timer Prescaler Load
Register (TPLR)
TPLR = $FFFF83

23 0
Timer Prescaler Count
Register (TPCR)

TPLR = $FFFF82

Timer Control/Status
TCF | TOF Register (TCSR)

15 14 13 12 11 10 9 8 TCSRO = $FFFF8F

TCSR1 = $FFFF8B
PCE- DO | DI |DIR -TRM INV | 1coR2 = SFFFF87

TC3 | TC2|TC1 | TCO -TCIE TOIE| TE

23 0

Timer Load
Register (TLR)
TLRO = $FFFF8E
TLR1 = $FFFF8A
TLR2 = $FFFF86

23 0

Timer Compare
Register (TCPR)
TCPRO = $FFFF8D
TCPR1 = $FFFF89
TCPR2 = $FFFF85

23 0

Timer Count
Register (TCR)

TCRO = $FFFF8C
TCR1 = SFFFF88
TCR2 = $FFFF84

- Reserved bit. Read as 0. Write with 0 for future compatibility

Figure 11-20. Timer Module Programmer’s Model
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11.5.2 Timer Prescaler Load Register (TPLR)

The TPLR is a read/write register that controls the prescaler divide factor (that is, the number that the

prescaler counter loads and begins counting from) and the source for the prescaler input clock.

23 22 21 20 19 18 17 16 15 14 13 12
PS1 PSO PL20 PL19 PL18 PL17 PL16 PL15 PL14 PL13 PL12
11 10 9 8 7 6 5 4 3 2 1 0
PL11 PL10 PL9 PL8 PL7 PL6 PL5 PL4 PL3 PL2 PL1 PLO
— Reserved bit. Read as 0. Write to 0 for future compatibility
Figure 11-21. Timer Prescaler Load Register
Table 11-11. Timer Prescaler Load Register (TPLR) Bit Definitions
Bit Name Reset Value Description
23 0 Reserved. Write to zero for future compatibility.
22-21 PS[1-0] 0 Prescaler Source
Controls the source of the prescaler clock. The prescaler’s use of a TIO
signal is not affected by the TCSR settings of the timer of the
corresponding TIO signal. If the prescaler source clock is external, the
prescaler counter is incremented by signal transitions on the TIO signal.
The external clock is internally synchronized to the internal clock. The
external clock frequency must be lower than the DSP56721 internal
operating frequency divided by 4 (that is, CLK/4).
NOTE: To ensure proper operation, change the PS[1-0] bits only when the
prescaler counter is disabled. Disable the prescaler counter by clearing
TCSRITE] of each of three timers.
PS1 PS0O Prescaler Clock Source
0 0 Internal CLK/2
0 1 TIOO
1 0 TIO1
1 1 Reserved
200 PL[20-0] 0 Prescaler Preload Value
Contains the prescaler preload value, which is loaded into the prescaler
counter when the counter value reaches 0, or when the counter switches
state from disabled to enabled. If PL[20—0] = N, then the prescaler counts
N+1 source clock cycles before generating a prescaler clock pulse.
Therefore, the prescaler divide factor = (preload value) + 1.
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11.5.3 Timer Prescaler Count Register (TPCR)

The TPCR is a read-only register that reflects the current value in the prescaler counter.

23 22 21 20 19 18 17 16 15 14 13 12
PC20 | PC19 | PC18 | PC17 | PC16 | PC15 | PC14 | PC13 | PC12

11 10 9 8 7 6 5 4 3 2 1 0
PC11 PC10 PC9 PC8 PC7 PC6 PC5 PC4 PC3 PC2 PC1 PCO

Reserved bit; read as 0; write to 0 for future compatibility.

Figure 11-22. Timer Prescaler Count Register (TPCR)

Table 11-12. Timer Prescaler Count Register (TPCR) Bit Definitions

Bit Name Reset Value Description
23-21 0 Reserved. Write to zero for future compatibility.
20-0 PC[20-0] 0 Prescaler Counter Value
Contain the current value of the prescaler counter.

11.5.4 Timer Control/Status Register (TCSR)

The TCSR is a read/write register controlling the timer and reflecting its status.

23 22 21 20 19 18 17 16 15 14 13 12
TCF TOF PCE DO DI

11 10 9 8 7 6 5 4 8 2 1 0
DIR TRM INV TC3 TC2 TCH TCO TCIE TOIE TE

Reserved. Read as 0. Write to 0 for future compatibility

Figure 11-23. Timer Control/Status Register (TCSR)
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Table 11-13. Timer Control/Status Register (TCSR) Bit Definitions

Bit

Name

Reset Value

Description

23-22

0

Reserved. Write to zero for future compatibility.

21

TCF

0

Timer Compare Flag

Indicate that the event count is complete.

In timer, PWM, and watchdog modes, the TCF bit is set after (M — N + 1) events are counted.
(M is the value in the compare register and N is the TLR value.) In measurement modes, the
TCF bit is set when the measurement completes.

Writing a one to the TCF bit clears it. A zero written to the TCF bit has no effect. The bit is also
cleared when the timer compare interrupt is serviced. The TCF bit is cleared by a hardware
RESET signal, a software RESET instruction, the STOP instruction, or by clearing the
TCSRI[TE] bit to disable the timer.

NOTE: The TOF and TCF bits are cleared by a 1 written to the specific bit. To ensure that only
the target bit is cleared, do not use the BSET command. The proper way to clear these bits is
to write 1 (using a MOVEP instruction) to the flag to be cleared and to write 0 to the other flag.

20

TOF

Timer Overflow Flag

Indicates that a counter overflow has occurred. This bit is cleared by writing a one to the TOF
bit. Writing a zero to the TOF bit has no effect. The TOF bit is also cleared when the timer
overflow interrupt is serviced. The TOF bit is cleared by a hardware RESET signal, a software
RESET instruction, the STOP instruction, or by clearing the TCSR[TE] bit to disable the timer.

19-16

Reserved. Write to zero for future compatibility.

15

PCE

Prescaler Clock Enable

Selects the prescaler clock as the timer source clock. When the PCE bit is cleared, the timer
uses either an internal (CLK/2) signal or an external (T1O) signal as its source clock. When the
PCE bit is set, the prescaler output is the timer source clock for the counter, regardless of the
timer operating mode. To ensure proper operation, the PCE bit is changed only when the timer
is disabled. The PS[1-0] bits of the TPLR determine which source clock is used for the
prescaler. A timer can be clocked by a prescaler clock that is derived from the TIO of another
timer.

14

Reserved. Write to zero for future compatibility.

13

DO

Data Output

The source of the TIO value when it is a data output signal. The TIO signal is a data output
when the GPIO mode is enabled and the DIR bit is set. A value written to the DO bit is written
to the TIO signal. If the INV bit is set, the value of the DO bit is inverted when written to the TIO
signal. When the INV bit is cleared, the value of the DO bit is written directly to the TIO signal.
When GPIO mode is disabled, writing to the DO bit has no effect.

12

DI

Data Input

Reflects the value of the TIO signal. If the INV bit is set, the value of the TIO signal is inverted
before it is written to the DI bit. If the INV bit is cleared, the value of the TIO signal is written
directly to the DI bit.

11

DIR

Direction

Determines the behavior of the TIO signal when it functions as a GPIO signal. When DIR bit is
set, the TIO signal is an output; when the DIR bit is cleared, the TIO signal is an input. The TIO
signal functions as a GPIO signal only when the TC[3-0] bits are cleared. If any of the TC[3-0]
bits are set, then the GPIO function is disabled, and the DIR bit has no effect.

10

Reserved. Write to zero for future compatibility.
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Table 11-13. Timer Control/Status Register (TCSR) Bit Definitions (continued)

Bit Name | Reset Value Description

9 TRM 0 Timer Reload Mode

Controls the counter preload operation. In timer (0-3) and watchdog (9—10) modes, the counter
is preloaded with the TLR register value after the TCSR[TE] bit is set and the first internal or
external clock signal is received. If the TRM bit is set, the counter is reloaded each time after it
reaches the value contained by the TCR register. In PWM mode (7), the counter is reloaded
each time counter overflow occurs. In measurement (4-5) modes, if the TRM and the
TCSRITE] bits are set, the counter is preloaded with the TLR register value on each
appropriate edge of the input signal. If the TRM bit is cleared, the counter operates as a free
running counter and is incremented on each incoming event.

8 INV 0 Inverter

Affects the polarity definition of the incoming signal on the TIO signal when TIO is programmed

as input. It also affects the polarity of the output pulse generated on the TIO signal when TIO

is programmed as output. See Table 11-14. The INV bit does not affect the polarity of the

prescaler source when the TIO is input to the prescaler.

Note: The INV bit affects both the timer and GPIO modes of operation. To ensure correct
operation, change this bit only when one or both of the following conditions is true: the
timer is disabled (the TCSR[TE] bit is cleared), the timer is in GPIO mode.
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Table 11-13. Timer Control/Status Register (TCSR) Bit Definitions (continued)

Bit | Name | Reset Value Description
7-4 | TC[3-0] 0 Timer Control
Control the source of the timer clock, the behavior of the TIO signal, and the Timer mode of
operation. Section 11.4, “Operating Modes” describes the timer operating modes in detail.
Note: To ensure proper operation, the TC[3—0] bits should be changed only when the timer is
disabled (that is, when the TCSR[TE] bit is cleared)
Note: If the clock is external, the counter is incremented by the transitions on the TIO signal.
The external clock is internally synchronized to the internal clock, and its frequency
should be lower than the internal operating frequency divided by 4 (that is, CLK/4).
Bit Settings Mode Characteristics
TC3 TC2 TC1 TCO |Mode Number| Mode Function TIO Clock
0 0 0 0 0 Timer and GPIO GPIO! Internal
0 0 0 1 1 Timer pulse Output Internal
0 0 1 0 2 Timer toggle Output Internal
0 0 1 1 3 Event counter Input External
0 1 0 0 4 Input width Input Internal
measurement
0 1 0 1 5 Input period Input Internal
measurement
0 1 1 0 6 Capture event Input Internal
0 1 1 1 7 Pulse width Output Internal
modulation
1 0 0 0 8 Reserved — —
1 0 0 1 9 Watchdog pulse Output Internal
1 0 1 0 10 Watchdog Toggle | Output Internal
1 0 1 1 11 Reserved — —
1 1 0 0 12 Reserved — —
1 1 0 1 13 Reserved — —
1 1 1 0 14 Reserved — —
1 1 1 1 15 Reserved — —
Note: The GPIO function is enabled only if all of the TC[3-0] bits are 0.
3 0 Reserved. Write to zero for future compatibility.
2 TCIE 0 Timer Compare Interrupt Enable

Enables/disables the timer compare interrupts. When set, the TCIE bit enables the compare
interrupts. In the timer, pulse width modulation (PWM), or watchdog modes, a compare
interrupt is generated after the counter value matches the value of the TCPR register. The
counter starts counting up from the number loaded from the TLR register, and if the TCPR
register value is M, an interrupt occurs after (M — N + 1) events, where N is the value of the TLR
register. When cleared, the TCSR[TCIE] bit disables the compare interrupts.
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Table 11-13. Timer Control/Status Register (TCSR) Bit Definitions (continued)

Bit Name | Reset Value Description

1 TOIE 0 Timer Overflow Interrupt Enable

Enables timer overflow interrupts. When set, the TOIE bit enables overflow interrupt generation.

The timer counter can hold a maximum value of $FFFFFF. When the counter value is at the

maximum value and a new event causes the counter to be incremented to $000000, the timer

generates an overflow interrupt. When cleared, the TOIE bit disables overflow interrupt
generation.

0 TE 0 Timer Enable

Enables/disables the timer. When set, the TE bit enables the timer and clears the timer counter.

The counter starts counting according to the mode selected by the timer control (TC[3-0]) bit

values. When clear, the TE bit disables the timer.

Note: When all three timers are disabled and the signals are not in GPIO mode, all three TIO
signals are tri-stated. To prevent undesired spikes on the TIO signals when you switch
from tri-state into active state, these signals should be tied to the high or low signal state
by pull-up or pull-down resistors.

Table 11-14. Inverter (INV) Bit Operation
TIO Programmed as Input TIO Programmed as Output
Mode
INV=0 INV =1 INV=0 INV =1

0 GPIO signal on the TIO GPIO signal on the TIO Bit written to GPIO is Bit written to GPIO is
signal is read directly. signal is inverted. put on TIO signal inverted and put on TIO

directly. signal.

1 Counter is incremented on Counter is incremented on
the rising edge of the signal | the falling edge of the signal - -
from the TIO signal. from the TIO signal.

2 Counter is incremented on Counter is incremented on Initial output is put on Initial output is inverted
the rising edge of the signal | the falling edge of the signal | TIO signal directly. and put on TIO signal.
from the TIO signal. from the TIO signal.

3 Counter is incremented on Counter is incremented on
the rising edge of the signal | the falling edge of the signal - -
from the TIO signal. from the TIO signal.

4 Width of the high input pulse | Width of the low input pulse
is measured. is measured. - -

5 Period is measured between | Period is measured between
the rising edges of the input | the falling edges of the input - -
signal. signal.

6 Event is captured on the Event is captured on the
rising edge of the signal falling edge of the signal - -
from the TIO signal. from the TIO signal.

7 Pulse generated by Pulse generated by the

- - the timer has positive | timer has negative
polarity. polarity.
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Table 11-14. Inverter (INV) Bit Operation (continued)

TIO Programmed as Input TIO Programmed as Output
Mode
INV=0 INV =1 INV=0 INV =1
9 Pulse generated by Pulse generated by the
- - the timer has positive | timer has negative
polarity. polarity.
10 Pulse generated by Pulse generated by the
- - the timer has positive | timer has negative
polarity. polarity.

11.5.5 Timer Load Register (TLR)

The TLR is a 24-bit write-only register. In all modes, the counter is preloaded with the TLR value after the
TCSR[TE] bit is set and a first event occurs.

e In timer modes, if the TCSR[TRM] bit is set, the counter is reloaded each time after it reaches the
value contained by the timer compare register (TCPR) and the new event occurs.

e In measurement modes, if TCSR[TRM] and TCSR[TE] are set, the counter is reloaded with the
value in the TLR register on each appropriate edge of the input signal.

¢ In PWM modes, if TCSR[TRM] is set, the counter is reloaded each time after it overflows and the
new event occurs.

* In watchdog modes, if TCSR[TRM] is set, the counter is reloaded each time after it reaches the
value contained by the timer compare register (TCPR) and the new event occurs. In this mode, the
counter is also reloaded whenever the TLR register is written with a new value while TCSR[TE] is
set.

* Inall modes, if TCSR[TRM] is cleared (TRM = 0), the counter operates as a free-running counter.

11.5.6 Timer Compare Register (TCPR)

The TCPR is a 24-bit read/write register that contains the value to be compared to the counter value. These
two values are compared every timer clock after TCSR[TE] is set. When the values match, the timer
compare flag bit is set and an interrupt is generated if interrupts are enabled (that is, the timer compare
interrupt enable bit in the TCSR register is set). The TCPR register is ignored in measurement modes.

11.5.7 Timer Count Register (TCR)

The TCR is a 24-bit read-only register. In timer and watchdog modes, the contents of the counter can be
read at any time from the TCR register. In measurement modes, the TCR register is loaded with the current
value of the counter on the appropriate edge of the input signal, and its value can be read to determine the
width, period, or delay of the leading edge of the input signal. When the timer is in measurement mode,
the TIO signal is used for the input signal.
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Chapter 12
Host Data Interface (HDI24, HDI24_1)

12.1 Introduction

In the DSP56721 144-pin devices, there are two host interface modules (HDI24, HDI24_1), each used by
a different DSP core. DSP Core-0 uses HDI24; DSP Core-1 uses HDI24 1. The HDI24 and HDI24 1
share one group of HDI signal pins, and there are no other functional differences between the two host
interface modules. In this section, only the HDI24 host interface module is described in detail.

All of the HDI124 and HDI24 _1 signals are provided at the external pins via an externally-controlled MUX,
as shown in Figure 12-1. The externally-controlled MUX select signal is input at the HDI_SEL pin. When
the HDI_SEL pin is pulled low, the HDI24 signals are connected to the external pins. When the HDI_SEL
pin is pulled high, the HDI24 _1 signals are connected to the external pins.

DSP Core-0 4—— HDI24

The 32 signals for both OI
host interface modules Jo——————P} D124 Pins (32
are multiplexed inside the 16 - pins)
package, and then Tl
provided at the pins. ~- HDI_SEL

(MUX select)

DSP Core-1 |g——=p' HDI24_1

Figure 12-1. HDI24/HDI24_1 Signals

For detailed information about how to configure the HDI24/HDI24 _1 related pins, see Chapter 21, “Chip
Configuration Module.”

Major features for each host interface module include:

* Each host interface module (HDI24, HDI24_1) has two operation modes: 8-bit mode and 16/24-bit
mode. A register bit of the Host Port Control Register selects which operation the host interface
module works in. If this Host Port Control Register bit is cleared (0), the host interface module
operates in 8-bit mode and is a byte-wide, full-duplex, double-buffered, parallel port that can be
connected directly to the data bus of a host processor. If this Host Port Control Register bit is set
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(1), the host interface module operates in 16-bit or 24-bit mode. In 16-bit or 24-bit mode, the three
8-bit host side registers are treated as a single 24-bit wide register.

* The host interface module supports a variety of buses and provides glueless connection with a
number of industry standard microcomputers, microprocessors, DSPs and DMA hardware.

* The host interface module supports host access in both Big Endian byte order and Little Endian
byte order.

* The host bus can operate asynchronously to the DSP core clock, with the host interface module
registers divided into two banks. The host register bank is accessible to the external host, and the
DSP register bank is accessible to the DSP core.

* Each host interface module supports three classes of interfaces:
— Host processor/Microcontroller (MCU) connection interface
— DMA controller interface
— General purpose 1/0 (GPIO) port

Core DMA Data
< N >

.24 ’,24

DSP Peripheral Data i

< 4 24 24 4 24 24 >
(S O O S B N
HCR| [HSR HBA| [HPC

HOT HOR
r1 + A
oy i j = j =
[ 17 I
|V Address
/ /| | A A A
v oo MWL
v, V¥ v
ICR||ISR| |[CV||IVR| |Latc RX|| BRX|| RX TX|| TX|| TX
A A
8 8 8 8 8 /,3 8 8 8 ’,8 /,8 8
< >

Host Bus
Host Interface Module (HDI24 or HDI24_1)

Figure 12-2. Host Interface Block Diagram

Table 12-1. Host Interface Register Acronyms

ICR |Interface Control Register HCR |Host Control Register HOTX | Host Transmit Register
cVR |Command Vector Register HSR | Host Status Register HORX | Host Receive Register
ISR |Interface Status Register HPCR | Host Port Control Register
IVR |Interface Vector Register HBAR | Host Base Address Register

RXH/RXM/RXL Receive Register High/Middle/Low | TXH/TXM/TXL Transmit Register High/Middle/Low
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12.1.1 Features

12.1.1.1 DSP-Side Interface

Mapping: Registers are directly mapped into eight internal X data memory locations.
Data Word: Supports 24-bit (native) data words, as well as 8-bit and 16-bit words.
Three Transfer Modes:

— DSP-to-Host

— Host-to-DSP

— Host Command

Handshaking Protocols:

— Software-polled

— Interrupt-driven

— Core DMA accesses

Instructions:

— Memory-mapped registers allow using the standard MOVE instruction to transfer data
between the DSP and the external host.

— Special MOVEP instruction provides for I/O service capability using fast interrupts.

— Bit addressing instructions (like BCHG, BCLR, BSET, BTST, JCLR, JSCLR, JSET, JSSET)
simplify I/O service routines.

12.1.1.2 Host-Side Interface

Thirty-two signals are provided to support non-multiplexed or multiplexed buses:

— HO-H7/HADO-HAD7: Host data bus (HO-H7) or host-multiplexed address and data bus
(HADO-HAD?7)

— H8-H24: Host data bus (H8—H24) for 24-bit mode operation

— HAS/HAO: Address strobe (HAS) or host address line HAO

— HAS8/HAT1: Host address line HAS8 or host address line HA1

— HA9/HA2: Host address line HA9 or host address line HA2

— HRW/HRD: Read/write select (HRW) or read strobe (HRD)

— HDS/HWR: Data strobe (HDS) or write strobe (HWR)

— HCS/HA10: Host chip select (HCS) or host address line HA10

— HOREQ/HTRQ: Host request (HOREQ) or host transmit request (HTRQ)

— HACK/HRRQ: Host acknowledge (HACK) or host receive request (HRRQ)

Mapping:

— Host interface (HDI24, HDI24_1) registers are mapped into 10 consecutive byte locations in
the external host bus address space.

— The host interface acts as a memory or [O-mapped peripheral for microprocessors,
microcontrollers, and others.
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* Data Word: 8-bit, 16-bit, or 24-bit mode operations

e Transfer Modes:
— Mixed 8-bit, 16-bit and 24-bit data transfers (DSP-to-Host, Host-to-DSP)
— Host Command

* Handshaking Protocols:
— Software-polled

— Interrupt-driven (Interrupts are compatible with most processors, including the MC68000,
8051, HC11 and Hitachi H8)

— Cycle-stealing DMA with initialization
* Dedicated Interrupts:
— Separate interrupt lines for each interrupt source

— Special host commands force DSP core interrupts under host processor control, which are used
for:

— Real-time production diagnostics
— Debugging window for program development
— Host control Protocols
* Interface Capabilities:

— Glueless interface (no external logic required) to:
- HCI1
— Hitachi H8
— 8051 family
— Thomson P6 family
— External DMA controllers

— Minimal glue-logic (pull-ups, pull-downs) required to interface to:
— ISA bus
— 68K family
— Intel X86 family
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12.2 Signal Descriptions

If the host interface functionality is not required, the 32 pins can be defined as general purpose I/O pins

(PGO-PG31).

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Table 12-2. HDI24 Host Signals

Host Data Interface (HDI24, HDI24_1)

HDI Port Pin Mux Mode Non-MUX Mode GPIO Mode
HADO-HAD7 HADO-HAD7 HO-H7 PGO-PG7
H8-H24 H8-H24 H8-H24 PG16-PG31
HAS / HAO HAS / HAS HAO PG8
HAS8 / HA1 HA8 HA1 PG9
HA9 / HA2 HA9 HA2 PG10
HCS/HA10 HA10 HCS /HCS PG13

Table 12-3. Strobe Signals

HDI Port Pin Single Strobe Dual Strobe GPIO Mode

HRW /HRD HRW HRD / HRD PG11

HDS / HWR HDS / HDS HWR /HWR PG12

Table 12-4. Host Request Signals
HDI Port Pin Vector Required | No Vector Required | GPIO Mode
HOREQ/HTRQ HOREQ / HOREQ HTRQ/HTRQ PG14
HACK /HRRQ HACK / HACK HRRQ /HRRQ PG15
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Host Data Interface (HDI24, HDI24_1)

12.3 Memory Map and Register Definitions

HDI24 registers are divided into two sets, depending upon who can access them: DSP core (0 or 1) or host
processor. The DSP core can access the register set (HCR, HSR, HBAR, HPCR, HOTX, HORX). The host
processor can access the register set (ISR, ICR, CVR, IVR, RXH:RXM:RXL, and TXH:TXM:TXL).

12.3.1 Memory Map

DSP-side registers:

Table 12-5. DSP-Side Memory Map

Address Register Access
$FFFFC2 Host Control Register (HCR) R/W
$FFFFC3 Host Status Register (HSR) R
$FFFFC4 Host Port Control Register (HPCR) R/W
$FFFFC5 Host Base Address Register (HBAR) R/W
$FFFFC6 Host Receive Register (HORX) R
$FFFFC7 Host Transmit Register (HOTX) w
Host-side registers:
Table 12-6. Host-Side Memory Map
Host Big Endian Little Endian Description
Address HLEND =0 HLEND =1

0 ICR ICR Interface Control

1 CVR CVR Command Vector

2 ISR ISR Interface Status

3 IVR IVR Interrupt Vector

4 00000000 00000000 Unused

5 RXH / TXH RXL / TXL

5 RXM / TXM BXM / TXM Receive/Transmit Bytes

7 RXL / TXL RXH / TXH

Note: The RXH/TXH register is always mapped to the most significant byte of the DSP word.
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12.3.2 Register Summaries

There are 6 DSP-side registers.

Host Data Interface (HDI24, HDI24_1)

Table 12-7. DSP-Side Register Summary

. 23 22 21 20 19 18 17 16 15 14 13 12
Register
1 10 9 8 7 6 5 4 3 0
HCR R 0 0 0 0 0 0 0 0 0 0 0
$FFFFC2 W
R 0 0 0 0
W HDM2 | HMD1 | HMDO HF3 HF2 HCIE HTIE HRIE
HSR R 0 0 0 0 0 0 0 0 0 0 0 0
$FFFFC3 W
R 0 0 0 0 DMA | XHDM1 | XHDMO | HF1 HFO HCP | HTDE | HRDF
W
HPCR R
$FFFFC4 W HAP HRP | HCSP | HDDS
R
W HMUX | HASP | HDSP | HROD |H24EN| HEN | HAEN | HREN | HCSEN | HA9EN | HA8BEN 0
HBAR R 0 0 0 0 0 0 0 0 0 0 0 0
$FFFFC5 W
R 0 0 0 0
W BA10 BA9 BAS8 BA7 BAG6 BA5 BA4 BA3
HORX R| R23 R22 R21 R20 R19 R18 R17 R16 R15 R14 R13 R12
$FFFFC6 W
R| R11 R10 R9 R8 R7 R6 R5 R4 R3 R2 R1 RO
w
HOTX R
SFFFFC7 W] 723 | T22 | T21 | 720 | T19 | T18 | T17 | T16 | T15 | T14 | T13 | T12
R
Wi T11 T10 T9 T8 T7 T6 T5 T4 T3 T2 T1 TO
1 Bit Bit . .
Always Read-only bit Write “1” to clear | Bit | R/W bit
reads “1” wic .
How to read Table 12-7 and Table 12-8:
For each register, there are 4 rows.
0 0 The first 2 rows are for bits 23—-12,
Always Write-only bit Self-clearing bit N/A and the last 2 rows are for bits 11-0.
reads “0” Bit Bit

Figure 12-3. Legend for Table 12-7
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Host Data Interface (HDI24, HDI24_1)

There are 7 host-side registers.

Table 12-8. Host-Side Register Summary

Register 7 6 5 4 3 2 1 0
ICR R 0
For HDM[2:0]=000 W INIT HLEND HF1 HFO HDRQ TREQ RREQ
ICR R 0
For HDM[2:0]=100 W INIT HM1 HMO HF1 HFO TREQ RREQ
ICR R
For HDM1=1 Wl INIT HDM1 HDMO HF1 HFO TREQ RREQ
and/or HDMO-1
CVR R
W HC HV6 HV5 HV4 HV3 HV2 HV1 HVO
ISR R| HREQ 0 0 HF3 HF2 TRDY TXDE RXDF
W
IVR R
W \irg IV6 IV5 V4 IV3 V2 V1 IVO
RXH / TXH R
W H23 H22 H21 H20 H19 H18 H17 H16
RXM / TXM R
W H15 H14 H13 H12 H11 H10 H9 H8
RXL / TXL R
W H7 H6 H5 H4 H3 H2 H1 HO

12.4 HDI24 DSP-Side Programmer’s Model

The DSP core treats the HDI24 as a memory-mapped peripheral occupying six 24-bit words in X data
memory space. The DSP can use the HDI24 as a normal memory-mapped peripheral, employing either
standard polled or interrupt-driven programming techniques. Separate transmit and receive data registers
are double-buffered to allow the DSP and host processor to transfer data efficiently at high speed. Direct
memory mapping enables the DSP core to communicate with the HDI24 registers using standard
instructions and addressing modes. In addition, the MOVEP instruction allows direct data transfers
between the DSP memory and the HDI24 registers or vice-versa. The HOTX and HORX registers may be
serviced by the on-chip DMA controller for data transfers.

The six host processor registers consists of two data registers and four control registers. All registers can
be accessed by the DSP core but not by the external processor.

The two data registers are 24-bit registers used for high-speed data transfer to and from the DSP. The two
data registers are:

* Host Data Receive Register (HORX)

* Host Data Transmit Register (HOTX)
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Host Data Interface (HDI24, HDI24_1)

The four control registers are 24-bit registers used to control the HDI24 functions. The eight MSBs in the
control registers are read by the DSP as zero (0). The four control registers are:

* Host control register (HCR)

* Host status register (HSR)

* Host base address register (HBAR)

* Host port control register (HPCR)

Any hardware and software reset disables the HDI24. After reset, the HDI24 signals are configured as
GPIO with all pins disconnected.

12.4.1 Host Receive Data Register (HORX)

The 24-bit read-only HORX register is used for host-to-DSP data transfers. The HORX register is loaded
with 24-bit data from the transmit data registers (TXH:TXM:TXL) on the host side, when both the transmit
data register empty TXDE (host side) and host receive data full HRDF (DSP side) bits are cleared.

This transfer operation sets both the TXDE and HRD flags. The HORX register contains valid data when
the HRDF bit is set (1). Reading the HORX register clears the HRDF bit (in the HORX register). The DSP
can program the HRIE bit to cause a host receive data interrupt when the HRDF bit is set. Also, a DMA
channel can be programmed to read the HORX register when the HRDF bit is set (1).

12.4.2 Host Transmit Data Register (HOTX)

The 24-bit write-only HOTX register is used for DSP-to-host data transfers. Writing to the HOTX register
clears the host transfer data empty flag HTDE (DSP side). The contents of the HOTX register are
transferred as 24-bit data to the receive byte registers (RXH:RXM:RXL), when both the HTDE flag (DSP
side) and receive data full RXDF flag (host side) are cleared.

This transfer operation sets the RXDF and HTDE flags. The DSP may set the HTIE bit to cause a host
transmit data interrupt when the HTDE flag is set (1). Also, a DMA Channel can be programmed to write
to the HOTX register when the HTDE flag is set. To prevent the previous data from being overwritten, data
should not be written to the HOTX register until the HTDE flag is set.

NOTE

When writing data to a peripheral device, there is a two-cycle pipeline delay
until any status bits affected by the operation are updated. If the programmer
reads any of those status bits within the next two cycles, the bit will not
reflect its current status. For more details, see the DSP56300 Family
Manual, DSP56300FM.

12.4.3 Host Control Register (HCR)

The HCR is 24-bit read/write control register used by the DSP core to control the HDI24 operating mode.
The initialization values for the HCR bits are described in Section 12.4.7, “DSP-Side Registers After
Reset.” The HCR bits are described in the following sections.
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Host Data Interface (HDI24, HDI24_1)

Table 12-9. Host Control Register (HCR)

23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1
Host Control R 0 0 0 0 0 0 0 0 0 0 0 0
Register (HCR)
x:sFFrrc2 | W
R 0 0 0 0
W HDM2 | HMD1 | HMDO | HF3 HF2 | HCIE | HTIE | HRIE

12.4.3.1 HCR Host Receive Interrupt Enable (HRIE) Bit 0

The HRIE bit is used to enable the host receive data interrupt request. When the host receive data full status
bit (HRDF) in the host status register (HSR) is set (1), a host receive data interrupt request occurs if the
HRIE bit is set (1). If the HRIE bit is cleared (0), then the HRDF interrupts are disabled.

12.4.3.2 HCR Host Transmit Interrupt Enable (HTIE) Bit 1

The HTIE bit is used to enable the host transmit data empty interrupt request. When the host transmit data
empty status bit (HTDE) in the host status register (HSR) is set (1), a host transmit data interrupt request
occurs if the HTIE bit is set (1). If the HTIE bit is cleared (0), then the HTDE interrupts are disabled.

12.4.3.3 HCR Host Command Interrupt Enable (HCIE) Bit 2

The HCIE bit is used to enable the host command interrupt request. When the host command pending
status bit (HCP) in the HSR register is set, a host command interrupt request occurs if the HCIE bit is set
(1). If the HCIE bit is cleared (0), then the HCP interrupts are disabled. The interrupt address is determined
by the host command vector register (CVR).

NOTE

Host interrupt request priorities: 1f more than one interrupt request source
is asserted and enabled (for example, HRDF = 1, HCP = 1, HRIE = 1 and
HCIE = 1), then the HDI24 generates interrupt requests according to
Table 12-10.

Table 12-10. HDI24 IRQ Sources

Priority Interrupt Source

Highest |Host command (HCP = 1)

Transmit Data (HTDE = 1)
Lowest | Receive Data (HRDF = 1)

12.4.3.4 HCR Host Flags 2, 3 (HF2, HF3) Bits 3—-4

HF2 and HF3 bits are used as a general-purpose flags for DSP to host communications. HF2 and HF3 may
be set or cleared by the DSP core. The values of the HF2 and HF3 bits are reflected in the interface status
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Host Data Interface (HDI24, HDI24_1)

register (ISR) on the host side such that if they are modified by the DSP software, the host processor can
read the modified values by reading the ISR register.

The HF2 and HF3 flags are not designated for any specific purpose but are general-purpose flags. They
can be used individually or as encoded pairs in a simple DSP-to-host communication protocol,
implemented in both the DSP and the host processor software.

12.4.3.5 HCR Host DMA Mode Control Bits (HDM0, HDM1, HDM2) Bits 5-7

The HDM]2:0] bits are used to enable HDI24 DMA mode operation. The HDI24 DMA mode supports
external DMA controller devices connected to the HDI24 on the host side. This mode should not be
confused with the operation of the on-chip DMA controller.

When the HDM|[2:0] bits are cleared (0), the HDI24 does not support DMA mode operations, and the
TREQ and RREQ control bits are used for host processor interrupt control via the external HOREQ output
signal (or via the HRREQ and HTREQ output signals if HDREQ bit in the ICR register is set). Also, in
non-DMA mode, the HACK input signal is used for the MC68000 family’s vectored interrupt
acknowledge input. If the HDM[2:0] bits are not all cleared, the HDI24 operates as described in

Table 12-11.
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Table 12-11. HDM[2:0] Functionality

HDM Mode

(]
—
(—]

Description ICR

0| 0 0 | DMA operation disabled

INIT HIEND| HFI HE0 |HDRQ | TREQ | RREQ

1 0 0 | DMA Operation Enabled.

Host may set HM1 or HMO in
the ICR to enahle DMA INIT | HM1 [ HMO | HF1 HFO TREQ | RREQ

transfers.

0| 0 1 | DMA Mode Data Output
Transfers Enabled.
(24-Bit words)

0 1 0 | DMA Mode Data Output
Transfers Enabled.
(16-Bit words)

0 1 1 | DMA Mode Data Output

Transfers Enabled. z
(8-Bit words) INIT |HDMI |HDMO | HFI HED TEEQ | RREQ

1 0 1 | DMA Mode Data Input
Transfers Enabled.
{24-Bit words)

1 1 0 | DMA Mode Data Input
Transfers Enabled.
{16-Bit words)

1 1 1 | DMA Mode Data Input
Transfers Enabled.
(8-Bit words)

If either the HDM1 or HDMO bit is set, then DMA mode is enabled, and the HOREQ signal is used to
request DMA transfers (and the value of the HM1, HMO, HLEND and HDREQ bits in the ICR have no
affect). When DMA mode is enabled, the HDM?2 bit selects the direction of DMA transfers:

— Clearing the HDM2 bit sets the direction of DMA transfers to be DSP-to-host, and enables the
HOREQ signal to request data transfers.

— Setting the HDM?2 bit sets the direction of DMA transfer to be host-to-DSP, and enables the
HOREQ signal to request data transfers.

The HACK input signal is used as a DMA transfer acknowledge input. If the DMA direction is from
DSP-to-host, then the contents of the selected register are driven onto the host data bus when HACK is
asserted. If the DMA direction is from host-to-DSP, then the selected register is written from the host data
bus when HACK is asserted.
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12 Freescale Semiconductor



Host Data Interface (HDI24, HDI24_1)

The size of the DMA word to be transferred is determined by the DMA control bits, HDM[1:0] and only
the data registers TXH, TXM, TXL and RXH, RXM, RXL can be accessed in DMA mode. The HDI24
data register selected during a DMA transfer is determined by a 2-bit address counter, which is preloaded
with the value in the HDM]1:0] bits. The address counter substitutes for the address bits of the HDI24
during a DMA transfer.

The address counter can be initialized with the INIT bit feature. After each DMA transfer on the host data
bus, the address counter is incremented to the next register. When the address counter reaches the highest
register (RXL or TXL), the address counter is not incremented but is loaded with the value in HDM[1:0].
This allows 8-, 16- or 24-bit data to be transferred in a circular fashion and eliminates the need for the
DMA controller to supply the HA2, HA1, and HAO signals. For 16- or 24-bit data transfers, the DSP CPU
interrupt rate is reduced by a factor of 2 or 3, respectively, from the host request rate, i.e., for every two or
three host processor data transfers of one byte each, there is only one 24-bit DSP CPU interrupt.

If HDM1 or HDMO are set, the HM[1:0] bits in the ICR register reflect the value of HDM[1:0]. The
HDM|[2:0] bits should be changed only while the HEN bit is cleared in the HPCR register.

12.4.3.6 HCR Reserved Bits 8-24

These bits are reserved. They read as zero and should be written with zero for future compatibility.

12.4.4 Host Status Register (HSR)

The host status register (HSR) is a 24-bit read-only status register used by the DSP to read the status and
flags of the HDI24. The HSR register cannot be directly accessed by the host processor. The initialization
values for the HSR bits are described in Section 12.4.7, “DSP-Side Registers After Reset.” The HSR bits
are described in the following sections.

Table 12-12. Host Status Register (HSR)

23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1 0
Host Status 0 0 0 0 0 0 0 0 0 0 0 0
Register (HSR)
X:FFFFC3

0 0 0 0 DMA | XHDM1 | XHDMO | HF1 HFO | HCP | HTDE | HRDF

R
W
R
W

12.4.4.1 HSR Host Receive Data Full (HRDF) Bit 0

The HRDF bit indicates that the host receive data register (HORX) contains data from the host processor.
The HRDF bit is set (1) when data is transferred from the TXH:TXM:TXL registers to the HORX register.
The HRDF bit is cleared (0) when the HORX register is read by the DSP core. If the HRDF bit is set, then
the HDI24 generates a receive data full DMA request, if enabled by a DSP core DMA channel. If the
HRDF bit is set when the HRIE bit is set, a host receive data interrupt request is generated. The HRDF bit
can also be cleared (0) by the host processor using the initialize function.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor 13



Host Data Interface (HDI24, HDI24_1)

12.4.4.2 HSR Host Transmit Data Empty (HTDE) Bit 1

The HTDE bit indicates that the host transmit data register (HOTX) is empty and can be written by the
DSP core. The HTDE bit is set when the HOTX register is transferred to the RXH:RXM:RXL registers.
The HTDE bit is cleared when HOTX is written by the DSP core. If the HTDE bit is set, then the HDI24
generates a transmit data empty DMA request, if enabled by a DSP core DMA Channel. If the HTDE bit
is set when the HTIE bit is set, a host transmit data interrupt request is generated. The HTDE bit can also
be set (1) by the host processor using the initialize function.

12.4.4.3 HSR Host Command Pending (HCP) Bit 2

The HCP bit indicates that the host has set the HC bit and that a host command interrupt is pending. The
HCP bit reflects the status of the HC bit in the command vector register (CVR). The HC and HCP bits are
cleared by the HDI24 hardware when the interrupt request is serviced by the DSP core. The host can clear
the HC bit, which also clears the HCP bit.

12.4.4.4 HSR Host Flags 0,1 (HFO,HF1) Bits 3—4

The HFO and HF1 bits are used as a general-purpose flags for host-to-DSP communication. The HFO and
HF1 bits may be set or cleared by the host. The HFO and HF1 bits reflect the status of the host flags HFO
and HF1 in the ICR register on the host side.

The HFO and HF1 flags are not designated for any specific purpose but are general-purpose flags. They
can be used individually or as encoded pairs in a simple host-to-DSP communication protocol,
implemented in both the DSP and the host processor software.

12.4.4.5 HSR Reserved Bits 5-6, 8—24

These bits are reserved. They read as zero and should be written with zero for future compatibility.

12.4.4.6 HSR DMA Status (DMA) Bit 7
The DMA status bit is set (1) when the DMA mode of operation is enabled, and is cleared (0) when the
DMA mode is disabled. The DMA mode is enabled under the following conditions:

* HCR bits HDM[2:0] = 100 and the host processor has enabled the DMA mode, by setting either
one or both of the ICR bits (HM1, HMO)

e Either one or both of the HCR bits (HDM1, HDMO0) have been set

When the DMA bit is zero, the channel not in use can be used for polled or interrupt operations by the DSP.

12.4.5 Host Base Address Register (HBAR)

The host base address register (HBAR) is used in multiplexed bus modes. The HBAR register selects the
base address where the host side registers are mapped into the bus address space. The address from the
host bus is compared with the base address as programmed in the base address register. If the addresses
match, an internal chip select is generated. The use of this register by the chip select logic is shown in
Figure 12-4.
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Figure 12-4. Host Base Address Register (HBAR)

23 | 22 | 21 | 20 19 18 17 16 15 14 13 12

11 10 | 9 8 7 6 5 4 3 2 1 0

0 0 0 0 0 0 0 0 0 0 0 0

Host Base Address
Register (HBAR)
X:$FFFFC5

BA10 | BA9 | BA8 | BA7 | BA6 | BA5 | BA4 | BA3

S| | S|
o
o
o
o

12.4.5.1 HBAR Base Address (BA[10:3]) Bits 0-7

These bits define the base address where the host side registers are mapped into the bus address space.

12.4.5.2 HBAR Reserved Bits 8-24

These bits are reserved. They read as zero and should be written with zero for future compatibility.

HAD[0-7] —— -

Latch | apa:7]

HAS ~— — g
HA[S:10]

COMPARATOR

Chip salect

Base

DSP Paripheral Address (8 bits ¢
data bus register |

L
BA[2:7]

Figure 12-5. Self Chip Select Logic

12.4.6 Host Port Control Register (HPCR)

The Host Port Control Register (HPCR) is a 24-bit read/write control register used by the DSP to control
the HDI24’s operating mode. The initialization values for the HPCR bits are described in Section 12.4.7,
“DSP-Side Registers After Reset.” The HPCR bits are described in the following sections.

Table 12-13. Host Port Control Register (HPCR)

23 22 21 20 19 18 17 16 15 14 13 12

11 10 9 8 7 6 5 4 3 2 1 0
HAP HRP HCSP | HDDS

Host Port Control
Register (HPCR)
(X:$FFFFC4)

HMUX | HASP | HDSP | HROD |H24EN | HEN | HAEN | HREN | HCSEN | HA9EN | HASEN

§|:D§:D
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NOTE

To assure proper operation of the HDI24, the HPCR bits (HAP, HRP, HCSP,
HDDS, HMUX, HASP, HDSP, HROD, H24EN, HAEN, HREN) should be
changed only if the HEN bit is cleared (0).

Also, the HPCR bits (HAP, HRP, HCSP, HDDS, HMUX, HASP, HDSP,
HROD, H24EN, HAEN, HREN, HCSEN, HA9EN, HA8EN) should not be
set (1) when the HEN bit is set or simultaneously with setting the HEN bit.

12.4.6.1 HPCR Host Address Line 8 Enable (HA8SEN) Bit 1

If the HASEN bit is set and the HDI24 is used in multiplexed bus mode, then HA8/HA1 is used as host
address line 8 (HAS8). HA8EN is ignored when the HDI24 is not in the multiplexed bus mode

(HMUX = 0).

12.4.6.2 HPCR Host Address Line 9 Enable (HA9EN) Bit 2

If the HA9EN bit is set and the HDI24 is used in multiplexed bus mode, then HA9/HA?2 is used as host
address line 9 (HA9). HA9EN is ignored when the HDI24 is not in the multiplexed bus mode

(HMUX = 0).

12.4.6.3 HPCR Host Chip Select Enable (HCSEN) Bit 3

If the HCSEN bit s set, then HCS/HA10 is used as host chip select (HCS) in the non-multiplexed bus mode
(HMUX = 0), and as host address line 10 (HA10) in the multiplexed bus mode (HMUX = 1).

12.4.6.4 HPCR Host Request Enable (HREN) Bit 4

The HREN bit controls the host request signals. If the HREN bit is set (1) and the HDI24 is in the single
host request mode (HDRQ = 0 in the ICR), then HOREQ/HTRAQ is configured as the host request output
(HOREQ).

If the HREN bit is set (1) in the double host request mode (HDRQ = 1 in the ICR), then HOREQ/HTRQ
is configured as the host transmit request output (HTRQ) and HACK/HRRQ is configured as the host
receive request output (HRRQ).

12.4.6.5 HPCR Host Acknowledge Enable (HAEN) Bit 5

The HAEN bit controls the HACK signal. In the single host request mode (HDRQ = 0O in the ICR), if the
HAEN and HREN bits are both set (1), then HACK/HRRQ is configured as the host acknowledge (HACK)
input. In the double host request mode (HDRQ = 1 in the ICR), the HAEN bit is ignored.

12.4.6.6 HPCR Host Enable (HEN) Bit 6
If the HEN bit is set, the HDI24 operation is enabled as Host Interface mode.
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12.4.6.7 HPCR 24-Bit Mode Enable (H24EN) Bit 7

If the H24EN bit is set (1) when the HDI24_EN bit of the Pin MUX Register is set (1), then HDI24 16-bit
or 24-bit operation is enabled.

* In 16-bit mode operation, the three 8-bit host-side registers are treated as a single 24-bit wide
register. The H16-to-H23 data signals must not be connected in this mode.

* In 24-bit mode operation, the three 8-bit host-side registers are treated as a single 24-bits-wide
register.

For more information about the HDI24_EN bit, see Section 21.2.2.6, “Pin Mux Control Register (PMC).”

12.4.6.8 HPCR Host Request Open Drain (HROD) Bit 8

The HROD bit controls the output drive of the host request signals. In the single host request mode
(HDRQ = 01in ICR), if the HROD bit is cleared (0) and host requests are enabled (HREN = 1 and HEN =1
in the HPCR register), then the HOREQ signal is always driven. If the HROD bit is set and host requests
are enabled, the HOREQ signal is an open-drain output.

In the double host request mode (HDRQ = 1 in the ICR), if the HROD bit is cleared and host requests are
enabled (HREN = 1 and HEN = 1 in the HPCR register), then the HTRQ and HRRQ signals are always
driven. If the HROD bit is set and host requests are enabled, then the HTRQ and HRRQ signals are
open-drain outputs.

12.4.6.9 HPCR Host Data Strobe Polarity (HDSP) Bit 9

If the HDSP bit is cleared (0), the data strobe signals are configured as active low inputs, and data is
transferred when the data strobe is low. If the HDSP bit is set (1), the data strobe signals are configured as
active high inputs, and data is transferred when the data strobe is high. The data strobe signals are either
HDS by itself or HRD and HWR together.

12.4.6.10 HPCR Host Address Strobe Polarity (HASP) Bit 10

If the HASP bit is cleared (0), the address strobe (HAS) signal is an active low input, and the address on
the host address and data bus is sampled when the HAS signal is low. If HASP is set (1), HAS is an active
high address strobe input, and the address on the host address and data bus 8 is sampled when the HAS
signal is high.

12.4.6.11 HPCR Host Multiplexed Bus (HMUX) Bit 11

If the HMUX bit is set (1), the HDI24 latches the lower portion of a multiplexed address and data bus. In
this mode, the internal address line values of the host registers are taken from the internal latch. If the
HMUX bit is cleared (0), it indicates that the HDI24 is connected to a non-multiplexed bus, and the address
lines are taken from the HDI24 input signals.
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12.4.6.12 HPCR Host Dual Data Strobe (HDDS) Bit 12

If the HDDS bit is cleared (0), the HDI24 operates in the single strobe bus mode. In this mode, the bus has
a single data strobe signal for both reads and writes.

If the HDDS bit is set (1), the HDI24 operates in the dual strobe bus mode. In this mode, the bus has two
separate data strobes, one for data reads, the other for data writes. See Figure 12-6 and Figure 12-7 for
more information on the two types of buses.

HRW .

HDS

In the single strobe bus mode, the HDS (Data-Strobe) signal qualifies the access, while the
HBW (Read/Write) signal specifies the direction of the access.

Figure 12-6. Single Strobe Bus

N Write Data In

e ", e
PRk P

Data

Hwﬁ Write Cycle

Read D o
Data X ead Data Out %

R |
HRD ead Cycle
In the dual strobe bus mode, there are separate HRD and HWR signals that specify the access
as being a read or write access, respectively.

Figure 12-7. Dual Strobes Bus

12.4.6.13 HPCR Host Chip Select Polarity (HCSP) Bit 13

If the HCSP bit is cleared (0), then the chip select (HCS) signal is configured as an active low input and
the HDI24 is selected when the HCS signal is low.

If the HCSP bit is set (1), then the HCS signal is configured as an active high input and the HDI24 is
selected when the HCS signal is high. The HCSP bit is ignored in multiplexed mode.

12.4.6.14 HPCR Host Request Polarity (HRP) Bit 14

The HRP bit controls the polarity of the host request signals. In the single host request mode (HDRQ =0
in the ICR register), if the HRP bit is cleared (0) and host requests are enabled (HREN = 1 and HEN = 1
in the HPCR register), then the HOREQ signal is an active low output. If the HRP bit is set (1) and host

requests are enabled, then the HOREQ signal is an active high output.

In the double host request mode (HDRQ = 1 in the ICR register), if the HRP bit is cleared (0) and host
requests are enabled (HREN = 1 and HEN = 1 in the HPCR register), then the HTRQ and HRRQ signals
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are active low outputs. If the HRP bit is set (1) and host requests are enabled, then the HTRQ and HRRQ
signals are active high outputs.

12.4.6.15 HPCR Host Acknowledge Polarity (HAP) Bit 15

If the HAP bit is cleared (0), then the host acknowledge (HACK) signal is configured as an active low
input, and the HDI24 drives the contents of the HIVR register onto the host bus when the HACK signal is
low.

If the HAP bit is set (1), then the HACK signal is configured as an active high input, and the HDI24 outputs
the contents of the HIVR register onto the host bus when the HACK signal is high.

12.4.6.16 HPCR Reserved Bits 0, 16—-24

These bits are reserved. They read as zero and should be written with zero for future compatibility.

12.4.7 DSP-Side Registers After Reset

Table 12-14 shows the results of the four types of resets on the bits in each of the HDI24 registers
accessible by the DSP core.

The hardware reset (HW) is caused by the RESET signal. The software reset (SW) is caused by executing
the RESET instruction. The individual reset (IR) is caused by clearing the HEN bit (HPCR bit 6). The stop
reset (ST) is caused by executing the STOP instruction.

Table 12-14. DSP-Side Registers After Reset

Register Register
9 Data Hardware | Software | Individual Stop
Reset Reset Reset Reset
HCR All bits 0
. Not Affected
HPCR | All bits 0
HSR HF[1:0] 0
HCP 0
HTDE 1
HRDF 0
DMA 0 Not Affected
HBAR |BA[10:3] $80 Not Affected
HORX | HORX[23:0] Empty
HOTX |HOTX[23:0] Empty
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12.4.8 HOST Interface DSP Core Interrupts

The HDI24 may request interrupt service from either the DSP core or the host processor. The DSP core
interrupts are internal and do not require the use of an external interrupt pin. When the appropriate interrupt
enable bit in the HCR register is set, an interrupt condition caused by the host processor sets the appropriate
bit in the HSR register, generating an interrupt request to the DSP core. The DSP core acknowledges
interrupts caused by the host processor by jumping to the appropriate interrupt service routine. The three
possible interrupts are:

* Host command

* Transmit data register is empty

* Receive data register is full
Although there is a set of vectors reserved for host command use, the host command can access any
interrupt vector in the interrupt vector table. To clear the interrupt, the DSP interrupt service routine must
read or write the appropriate HDI24 register (clearing HRDF or HTDE, for example). For host command

interrupts, the interrupt acknowledge from the DSP core program controller clears the pending interrupt
condition. Figure 12-8 shows how the HSR and the HCR registers operate with DSP core interrupts.

EMABLE
15 S -
2 : .
Y-HCR | HFa |HF_ HGIE |HTIE |HHIE |HCFI
DSP CORE INTERRUPTS
) RECIEVE DATA FULL
} TRANSMIT DATA BMPTY
} HOST COMMAND
15 0
H:HSA HF1 | HFO | HCP |HTDE [HRODF |HSF|
-.__V_ _f.
STATUS

Figure 12-8. HSR / HCR Registers and DSP Core Interrupts

12.5 HDI24 External Programmer’s Model

The HDI24 has been designed to provide a simple, high speed interface to a host processor. To the host
bus, the HDI24 appears to be 8 byte-wide registers. Separate transmit and receive data registers are
double-buffered to allow the DSP core and host processor to transfer data efficiently at high speed. The
host can access the HDI24 asynchronously by using polling techniques or interrupt-based techniques.
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The HDI24 appears to the host processor as a memory-mapped peripheral occupying 8 bytes in the host
processor address space (See Table 12-15). These registers can be accessed only by the host processor. The
eight HDI24 registers are:

* A control register (ICR)

* A status register (ISR)

* Three data registers (RXH/TXH, RXM/TXM, RXL/TXL)
* Two vector registers (IVR, CVR)

Host processors may use standard host processor instructions (for example, byte move) and addressing
modes to communicate with the HDI24 registers. The HDI24 registers are aligned so that 8-bit host
processors can use 8/16/24-bit load and store instructions for data transfers. The HOREQ/HTRQ and
HACK/HRRQ handshake flags are provided for polled or interrupt-driven data transfers with the host
processor. Most host microprocessors can load or store data at their maximum programmed I/O instruction
rate without testing the handshake flags for each transfer, because of the DSP interrupt response. If full
handshake is not needed, the host processor can treat the DSP as a fast device, and data can be transferred
between the host processor and the DSP at the fastest host processor data rate.

One of the most innovative features of the host interface is the host command feature. With this feature,
the host processor can issue vectored interrupt requests to the DSP core. The host may select any of 128
DSP interrupt routines to be executed by writing a vector address register in the HDI24. This flexibility
allows the host programmer to execute up to 128 pre-programmed functions inside the DSP. For example,
host interrupts can allow the host processor to read or write DSP registers (X, Y, or program memory
locations), force interrupt handlers (like IRQA, IRQB, interrupt routines, and others), and perform control
and debugging operations if interrupt routines are implemented in the DSP to perform these tasks.

Table 12-15. HDI24 Host Side Registers

Host Big ErEdiau Little Endian Function

Address HLEND=0 HLEND=1
] ICR ICR Interface Control
1 CVE CVE Command Vector
2 ISE ISE Interface Status
3 IVE IVR Interrupt Vector
4 00000000 00000000 Unused
5 RXH/TXH EXL/TXL
6 RXM/TXM RYM/TXM R“Ei‘;:::“‘mt
7 RXL/TXL BXH/TXH

Host Data Bus Heost Data Bus
HO-H7 HO - H7
Note: The EXH/TXH register is always mapped to the most significant byte of the DSP word.
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12.5.1 Interface Control Register (ICR)

The ICR is an 8-bit read/write control register used by the host processor to control the HDI24 interrupts
and flags. The ICR cannot be accessed by the DSP core. The ICR is a read/write register, which allows
using bit manipulation instructions on control register bits. The control bits are described in the following
sections. Bits 2, 5 and 6 of the ICR are affected by the condition of HDM[2:0] (HCR register bits 5-7), as
shown in Table 12-16.

Table 12-16. Interface Control Register (ICR)

ICR Register 7 6 5 4 3 2 1 0

R 0

For HDM[2:0] = 000 W INIT HLEND | HF1 HFO HDRQ | TREQ | RREQ
R 0

For HDM[2:0] = 100 W INIT HM1 HMO HF1 HFO TREQ | RREQ
R

For HDM1 =1 and/or — INIT HDM1 | HDMO HF1 HFO TREQ | RREQ

HDMO = 1 W

12.5.1.1 ICR Receive Request Enable (RREQ) Bit 0

In interrupt mode (HDM|[2:0] = 000 or HM[1:0] = 00), the RREQ bit is used to enable host receive data
requests via the host request signal (HOREQ or HRRQ) when the receive data register full status bit

(RXDF) in the ISR register is set. If the RREQ bit is cleared (0), then RXDF requests are disabled. If the
RREQ bit is set (1), then the host request signal (HOREQ or HRRQ) is asserted if the RXDF bit is set (1).

In the DMA modes where HDM[2:0] = 100 and (HM1! = 0 or HMO! = 0), the RREQ bit must be set and
the TREQ bit must be cleared to direct DMA transfers from DSP to host. In the other DMA modes, the
RREQ bit is ignored.

Table 12-17 summarizes the effect of RREQ and TREQ on the HOREQ, HTRQ and HRRQ signals.

12.5.1.2 ICR Transmit Request Enable (TREQ) Bit 1

In interrupt mode (HDM[2:0] = 000 or HM[1:0] = 00), the TREQ bit is used to enable host transmit data
requests via the host request signal (HOREQ or HTRQ) when the transmit data register empty status bit
(TXDE) in the ISR register is set. If the TREQ bit is cleared (0), then TXDE requests are disabled. If the
TREQ bit is set (1), then the host request signal (HOREQ or HTRQ) is asserted if the TXDE bit is set (1).

In the DMA modes where HDM|[2:0] = 100 and (HM1! = 0 or HMO! = 0), the TREQ must be set (1) and
the RREQ bit must be cleared (0) to direct DMA transfers from host to DSP. In the other DM A modes, the
TREQ bit is ignored.

Table 12-17 summarizes the effect of the RREQ and TREQ bits on the HOREQ, HTRQ and HRRQ
signals.
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Table 12-17. TREQ RREQ Interrupt Mode (HDM[2:0] = 000 or HM[1:0] = 00)

HDRQ =0 HDRQ =1
TREQ | RREQ
HOREQ Signal HTRQ Signal HRRq Signal
0 0 No Interrupts (Polling) No Interrupts (Polling) No Interrupts (Polling)
0 1 RXDF Request (Interrupt) No Interrupts (Polling) RXDF Request (Interrupt)
1 0 TXDE Request (Interrupt) TXDE Request (Interrupt) | No Interrupts (Polling)
1 1 RXDF and TXDE Requests (Interrupts) TXDE Request (Interrupt) | RXDF Request (Interrupt)
Table 12-18. TREQ RREQ DMA Mode (HM1! = 0 or HMO! = 0)
HDRQ =0 HDRQ =1
TREQ | RREQ
HOREQ Signal HTRQ Signal HRRq Signal
0 0 No DMA request No DMA request No DMA request
0 1 DSP-to-Host Request (RX) No DMA request DSP-to-Host Request (RX)
1 0 Host-to-DSP Request (TX) Host-to-DSP Request (TX) | No DMA request
1 1 Reserved Reserved Reserved
12.5.1.3 ICR Double Host Request (HDRQ) Bit 2

The HDRQ bit determines the functions of the HOREQ/HTRQ and HACK/HRRQ signals as shown in
Table 12-19.

Table 12-19. HDRQ

HDRQ HOREQ/HTRQ Pin HACK/HRRQ Pin
0 HOREQ signal HACK signal
1 HTRQ signal HRRQ signal

12.5.1.4 ICR Host Flag 0 (HFO0) Bit 3

The HFO bit is used as a general purpose flag for host-to-DSP communication. The HFO bit may be set or
cleared by the host processor and cannot be changed by the DSP core. The value of the HFO bit is reflected
in the HSR register on the DSP side of the HDI24.

12.5.1.5 ICR Host Flag 1 (HF1) Bit 4

The HF1 bit is used as a general purpose flag for host-to-DSP communication. The HF1 bit may be set or
cleared by the host processor and cannot be changed by the DSP core. The value of the HF1 bit is reflected
in the HSR register on the DSP side of the HDI24.
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12.5.1.6 ICR Host Little Endian (HLEND) Bit 5

If the HLEND bit is cleared (0), the HDI24 can be accessed by the host in big endian byte order. If the
HLEND bit is set (1), the HDI24 can be accessed by the host in little endian byte order.

If the HLEND bit is cleared (0), the RXH/TXH register is located at address $5, the RXM/TXM register
is located at address $6, and the RXL/TXL register is located at address $7. If the HLEND bit is set (1),
the RXH/TXH register is located at address $7, the RXM/TXM register is located at address $6, and the
RXL/TXL is located at address $5. See Table 12-6 for more about the HLEND bit.

The HLEND function is available only if HDM][2:0] = 000 in the host control register (HCR). When
HLEND is available, the ICR bit 6 has no function and should be regarded as reserved.

12.5.1.7 ICR Host Mode Control (HM1 and HMO bits) Bits 5-6

Bits 6 and 5 function as read/write HM[1:0] bits only when the HCR bits HDM[2:0] = 100 (see
Table 12-11). The HMO and HM1 bits select the transfer mode of the HDI24, as shown in Table 12-20.
Table 12-20. Host Mode Bit Definition

HMA HMO Mode
0 0 Interrupt Mode (DMA Off)
0 1 DMA Mode (24 Bit)
1 0 DMA Mode (16 Bit)
1 1 DMA Mode (8 Bit)

When both HM1 and HMO bits are cleared (0), the DMA mode is disabled and the interrupt mode is
enabled. In interrupt mode, the TREQ and RREQ control bits are used for host processor interrupt control
via the external HOREQ output signal, and the HACK input signal is used for the MC68000 family
vectored interrupt acknowledge input.

When HM1 and/or HMO bits are set (1), they enable the DMA mode and determine the size of the DMA
word to be transferred. In the DM A mode, the HOREQ signal is used to request DMA transfers, the TREQ
and RREQ bits select the direction of DMA transfers (see Table 12-18), and the HACK input signal is used
as a DMA transfer acknowledge input. If the DMA direction is from DSP to host, the contents of the
selected register are enabled onto the host data bus when the HACK signal is asserted. If the DMA
direction is from host to DSP, the selected register is written from the host data bus when the HACK signal
is asserted.

The size of the DMA word to be transferred is determined by the DMA control bits, HMO and HM1. The
HDI24 host-side data register selected during a DMA transfer is determined by a 2-bit address counter,

which is preloaded with the value in the HM1 and HMO bits. The address counter substitutes for the HA1
and HAO host address signals of the HDI24 during a DMA transfer. The host address signal HA?2 is forced
to one (1) during each DMA transfer. The address counter can be initialized with the INIT bit feature. After
each DMA transfer on the host data bus, the address counter is incremented to the next data register. When
the address counter reaches the highest register (RXL or TXL), the address counter is not incremented but
1s loaded with the value in the HM1 and HMO bits. This allows 8-, 16- or 24-bit data to be transferred in a
circular fashion and eliminates the need for the DMA controller to supply the HA2, HA1, and HAO address
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signals. For 16- or 24-bit data transfers, the DSP CPU interrupt rate is reduced by a factor of 2 or 3,
respectively, from the host request rate, in other words, for every two or three host processor data transfers
of one byte each, there is only one 24-bit DSP CPU interrupt.

If either the HDM1 or HDMO bits in the HCR register are set (1), bits 6 and 5 become read-only bits that
reflect the value of the HDM]1:0] bits.

12.5.1.8 ICR Initialize Bit (INIT) Bit 7

The INIT bit is used by the host processor to force initialization of the HDI24 hardware. During
initialization, the HDI24 transmit and receive control bits are configured.

Using the INIT bit to initialize the HDI24 hardware may or may not be necessary, depending on the
software design of the interface.

The type of initialization done when the INIT bit is set depends on the state of the TREQ and RREQ bits
in the HDI24. The INIT command, which is local to the HDI24, is designed to conveniently configure the
HDI24 into the desired data transfer mode. The effect of the INIT command is described in Table 12-21.
When the host sets the INIT bit, the HDI24 hardware executes the INIT command. The interface hardware
clears the INIT bit after the command has been executed.

Table 12-21. INIT Command Effect

TREQ | RREQ After INIT Execution Transfer Direction Initialized
0 0 INIT=0 None
0 1 INIT = 0; RXDF = 0; HTDE =1 DSP to Host
1 0 INIT = 0; TXDE = 1; HRDF = 0 Host to DSP
1 1 INIT = 0; RXDF = 0; HTDE = 1; TXDE = 1; HRDF = 0 Host to/from DSP

12.5.2 Command Vector Register (CVR)

The Command Vector Register is used by the host processor to cause the DSP core to execute an interrupt.
The host command feature is independent of any of the data transfer mechanisms in the HDI24. It can be
used to invoke execution of any of the 128 possible interrupt routines in the DSP core.

Table 12-22. Command Vector Register (CVR)

7 6 5 4 3 2 1 0

R

W HC HV6 HV5 HV4 HV3 Hv2 HV1 HVO

12.5.2.1 CVR Host Vector (HV[6:0]) Bits 0—6

The 7 HV bits select the host command interrupt address to be used by the host command interrupt logic.
When the host command interrupt is recognized by the DSP interrupt control logic, the address of the
interrupt routine taken is 2 x HV. The host can write HC and HV in the same write cycle.
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The host processor can select the starting address of any of the 128 possible interrupt routines in the DSP
by writing the interrupt routine address divided by 2 into the HV bits. The host processor can thus force
execution of any of the existing interrupt handlers (IRQA, IRQB, and so on) and can use any of the
reserved or otherwise unused addresses (provided they have been pre-programmed in the DSP). HV[6:0]
is set to $32 (vector location $0064) by hardware, software, individual and stop resets.

12.5.2.2 CVR Host Command Bit (HC) Bit 7

The HC bit is used by the host processor to handshake the execution of host command interrupts. Normally,
the host processor sets the HC bit to request the host command interrupt from the DSP core. When the host
command interrupt is acknowledged by the DSP core, the HC bit is cleared by the HDI24 hardware. The
host processor can read the state of the HC bit to determine when the host command has been accepted.

After setting the HC bit, the host must not write to the CVR register again until the HC bit is cleared by
the HDI24 hardware. Setting the HC bit causes the host command pending bit (HCP) in the HSR register
to be set. The host can write to the HC and HV bits in the same write cycle.

12.5.3 Interface Status Register (ISR)

The ISR is an 8-bit read-only status register used by the host processor to interrogate the status and flags
of the HDI24. The host processor can write to this address without affecting the internal state of the HDI24,
which is useful if the user desires to access all of the HDI24 registers by stepping through the HDI24
addresses. The ISR register cannot be accessed by the DSP core. The ISR bits are described in the
following sections.

Figure 12-9. Interface Status Register (ISR)

7 6 5 4 3 2 1 0

Interface Status R | HREQ 0 0 HF3 HF2 | TRDY | TXDE | RXDF
Register (ISR)

W

12.5.3.1 ISR Receive Data Register Full (RXDF) Bit 0

The RXDF bit indicates that the receive byte registers (RXH:RXM:RXL) contain data from the DSP core
and may be read by the host processor. The RXDF bit is set (1) when the contents of the HOTX register is
transferred to the receive byte registers. The RXDF bit is cleared (0) when the receive data register (RXL
or RXH according to the HLEND bit) is read by the host processor.

The RXDF bit can be cleared by the host processor using the initialize function. The RXDF bit may be
used to assert the external HOREQ signal if the RREQ bit is set. Regardless of whether the RXDF interrupt
is enabled, the RXDF bit indicates whether the RX registers are full and data can be latched out (so that
polling techniques may be used by the host processor).

12.5.3.2 ISR Transmit Data Register Empty (TXDE) Bit 1

The TXDE bit indicates that the transmit byte registers (TXH: TXM:TXL) are empty and can be written
by the host processor. The TXDE bit is set (1) when the contents of the transmit byte registers are
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transferred to the HORX register. The TXDE bit is cleared (0) when the transmit register (TXL or TXH
according to HLEND bit) is written by the host processor. The TXDE bit can be set by the host processor
using the initialize feature. The TXDE bit may be used to assert the external HOREQ signal if the TREQ
bit is set. Regardless of whether the TXDE interrupt is enabled, the TXDE bit indicates whether the TX
registers are full and data can be latched in (so that polling techniques may be used by the host processor).

12.5.3.3 ISR Transmitter Ready (TRDY) Bit 2
The TRDY status bit indicates that TXH:TXM:TXL and the HORX registers are empty. In other words,
TRDY = TXDE x HRDF

If the TRDY bit is set (1), the data that the host processor writes to the TXH:TXM:TXL registers is
immediately transferred to the DSP side of the HDI24. This feature has many applications. For example,
if the host processor issues a host command which causes the DSP core to read the HORX register, the
host processor can be guaranteed that the data is only transferred to the HDI24 is what is being received
by the DSP core.

12.5.3.4 ISR Host Flag 2 (HF2) Bit 3

The HF2 bit in the ISR register indicates the state of host flag 2 in the HCR register on the DSP side. The
HF2 bit can be changed only by the DSP. (See Section 12.4.3.4, “HCR Host Flags 2, 3 (HF2, HF3) Bits
3-4)

12.5.3.5 ISR Host Flag 3 (HF3) Bit 4

The HF3 bit in the ISR register indicates the state of host flag 3 in the HCR register on the DSP side. The
HF3 bit can be changed only by the DSP. (See Section 12.4.3.4, “HCR Host Flags 2, 3 (HF2, HF3) Bits
3-47)

12.5.3.6 ISR Reserved Bits 5-6

These bits are reserved. They read as zero and should be written with zero for future compatibility.

12.5.3.7 ISR Host Request (HREQ) Bit 7

If the HDRQ bit is cleared (0), then the HREQ bit indicates the status of the external host request output
signal (HOREQ). If the HDRQ bit is set (1), then the HREQ bit indicates the status of the external transmit
and receive request output signals (HTRQ and HRRQ).

Table 12-23. Host Request Status (HREQ)

HREQ Status [HDRQ = 0] Status [HDRQ = 1]
0 HOREQ deasserted; HTRQ and HRRQ deasserted;
no host processor interrupt is requested. no host processor interrupts are requested.
1 HOREQ asserted; HTRQ and/or HRRQ asserted;
a host processor interrupt is requested. host processor interrupts are requested.
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The HREQ bit may be set from either or both of two conditions: either the receive byte registers are full

or the transmit byte registers are empty. These two conditions are indicated by the ISR RXDF and TXDE
status bits, respectively. If the interrupt source has been enabled by the associated request enable bit in the
ICR register, the HREQ bit is set if one or more of the two enabled interrupt sources is set.

12.5.4 Interrupt Vector Register (IVR)

The Interrupt Vector Register is an 8-bit read/write register which typically contains the interrupt vector
number used with MC68000 family processor vectored interrupts. Only the host processor can read and
write the IVR register. The contents of the IVR register are placed on the host data bus (HOH7) when both
the HOREQ and HACK signals are asserted. The contents of the IVR register are initialized to $OF by
hardware or software reset, which corresponds to the uninitialized interrupt vector in the MC68000 Family.

Table 12-24. Interrupt Vector Register (IVR)

7 6 5 4 3 2 1 0

Interrupt Vector Register (IVR) | R

W I\ IV6 IV5 V4 V3 Iv2 V1 IVO

12.5.5 Receive Byte Registers (RXH:RXM:RXL)

The receive byte registers are viewed by the host processor as three 8-bit read-only registers: the receive
high register (RXH), the receive middle register (RXM), and the receive low register (RXL). The receive
byte registers receive data from the high, middle and low bytes, respectively, of the HOTX register and are
selected by the external host address inputs (HA2, HA1, HAO) during a host processor read operation.

The memory locations of the receive byte registers are determined by the HLEND bit in the ICR register.
If the HLEND bit is set (1), then the RXH register is located at address $7, the RXM register is at address
$6, and the RXL register is at address $5. If the HLEND bit is cleared (0), then the RXH register is located
at address $5, the RXM register is at address $6, and the RXL register is at address $7.

When data is transferred from the HOTX register to the receive byte registers, the receive data register full
(RXDF) bit is set. The host processor may program the RREQ bit to assert the external HOREQ/HRRQ
signal when the RXDF bit is set. This indicates that the HDI24 has a full word (either 8, 16 or 24 bits) for

the host processor. When the host reads the receive byte register at host address $7, the RXDF bit is cleared.

12.5.6 Transmit Byte Registers (TXH:TXM:TXL)

The transmit byte registers are viewed as three 8-bit write-only registers by the host processor: the transmit
high register (TXH), the transmit middle register (TXM), and the transmit low register (TXL). The
transmit byte registers send data to the high, middle and low bytes, respectively, of the HORX register and
are selected by the external host address inputs (HA2, HA1 and HAO) during a host processor write
operation.

If the HLEND bit in the ICR register is cleared (0), then the TXH register is located at address $5, the TXM
register is at address $6, and the TXL register is at address $7. If the HLEND bit in the ICR register is set
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(1), then the TXH register is located at address $7, the TXM register is at address $6, and the TXL register
is at address $5.

Data may be written into the transmit byte registers when the transmit data register empty (TXDE) bit is
set (1). The host processor may program the TREQ bit to assert the external HOREQ/HTRQ signal when
TXDE is set. This informs the host processor that the transmit byte registers are empty. Writing to the data
register at host address $7 clears the TXDE bit. The contents of the transmit byte registers are transferred
as 24-bit data to the HORX register when both the TXDE and HRDF bits are cleared (0). This transfer
operation sets the TXDE and HRDF bits.

12.5.7 Host-Side Registers After Reset

Table 12-25 shows the result of the four kinds of reset on bits in each of the HDI24 registers seen by the
host processor.

The hardware reset (HW) is caused by asserting the RESET signal. The software reset (SW) is caused by
executing the RESET instruction. The individual reset (IR) is caused by clearing the HEN bit in the HPCR
register. The stop reset (ST) is caused by executing the STOP instruction.

Table 12-25. Host Side Registers After Reset

Reset Type
Register Register
9 Data Hardware Software Individual Stop
Reset Reset Reset Reset
ICR All Bits 0
CVR HC 0
HV[6:0] $32 Not Affected
ISR HREQ 0 1if TREQis set; | 1if TREQ is set;
0 if otherwise 0 if otherwise
HF3-HF2 0 Not Affected
TRDY 1
TXDE 1
RXDF 0
IVR IV[7:0] $OF Not Affected
RX RXH:RXM:RXL Empty
TX TXH:TXM:TXL Empty

12.5.8 General Purpose Input/Output (GPIO)

The HDI24 pins can be used as General Purpose Input/Output (GPIO) pins. For more information about
the GPIO function, see Chapter 8, “General Purpose Input/Output (GPIO)” of this document.
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12.6 Servicing the Host Interface

The HDI24 can be serviced by using one of two protocols: polling or interrupts.

12.6.1 HDI24 Host Processor Data Transfers

To the host processor, the HDI24 appears as a contiguous block of static RAM. To transfer data between
itself and the HDI24, the host processor performs the following steps:

1. Asserts the HDI24 address to select the register to be read or written.

2. Selects the direction of the data transfer. If it is writing, the host processor drives the data on the
bus.

3. Strobes the data transfer.

12.6.2 Polling

In the polling mode of operation, the HOREQ/HTRQ signal is not connected to the host processor and the
HACK signal must be de-asserted to ensure that the IVR register data is not being driven onto HO-H7 when
other registers are being polled.

The host processor first performs a data read transfer to read the ISR register. This allows the host
processor to assess the status of the HDI24:

1. If bit RXDF = 1, then the receive byte registers are full and therefore a data read can be performed
by the host processor.

2. If bit TXDE = 1, then the transmit byte registers are empty. A data write can be performed by the
host processor.

3. If bit TRDY = 1, then the transmit byte and the receive data registers on the DSP side are empty.
Data written by the host processor is transferred directly to the DSP side.

4. 1If bits (HF2 x HF3) != 0, depending on how the host flags have been defined, it may indicate that
an application-specific state within the DSP core has been reached. Intervention by the host
processor may be required.

5. If HREQ = 1, then the HOREQ/HTRQ/HRRQ) signal has been asserted, and the DSP is requesting
the attention of the host processor. One of the previous four conditions exists.

After the appropriate data transfer has been made, the corresponding status bit is updated to reflect the
transfer. If the host processor has issued a command to the DSP by writing the CVR register and setting
the HC bit, the host processor can read the HC bit in the CVR register to determine when the command
has been accepted by the interrupt controller in the DSP core. When the command has been accepted for
execution, the HC bit is cleared by the interrupt controller in the DSP core.
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STATUS
7 e
$2| HHEQ| 0 | 0 | HFa | HF2 |THD‘r‘ |rTKDE | F::-cl:nl-j |ISH
it ) HRRQ
HOREQ
HTRQ
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F3INT a HLEMD' | HFA1 HF0 (HDRQ |TREQ [RREQ | ICR
., s

"l

EMABLE

Figure 12-10. HDI24 Host Request Structure

12.6.3 Servicing Interrupts

If either the HOREQ/HTRQ or the HRRQ signals (or both) are connected to the host processor interrupt
inputs, the HDI24 can request service from the host processor by asserting one of these signals. The
HOREQ/HTRQ and/or the HRRQ signal is asserted when TXDE = 1 and/or RXDF =1 and the
corresponding enable bit (TREQ or RREQ, respectively) is set. This is depicted in Figure 12-10.

HOREQ/HTRQ and HRRQ are normally connected to the host processor’s maskable interrupt inputs. The
host processor acknowledges host interrupts by executing an interrupt service routine. The host processor
can test the RXDF and TXDE bits to determine the interrupt source. The host processor interrupt service
routine must read or write the appropriate HDI24 data register to clear the interrupt. The HOREQ/HTRQ
and/or HRRQ signals are de-asserted under the following conditions:

* The enabled request is cleared or masked.
* The DSP is reset.

If the host processor is a member of the MC68000 family, there is no need for the additional step when the
host processor reads the ISR register to determine how to respond to an interrupt generated by the DSP.
Instead, the DSP automatically sources the contents of the IVR register on the data bus when the host
processor acknowledges the interrupt by asserting the HACK signal. The contents of the IVR register are
placed on the host data bus while the HOREQ and HACK signals are simultaneously asserted. The IVR
data tells the MC680XX host processor which interrupt routine to execute to service the DSP.
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Chapter 13
Watchdog Timer (WDT, WDT_1)

13.1 Introduction

The watchdog timer (WDT, WDT_1) is a 16-bit timer used to help software recover from runaway code.
The timer is a free-running down-counter used to assert the WDT pin on underflow. Software must
periodically service the watchdog timer to restart the count down and prevent assertion of the WDT pin.
Figure 13-1 shows the watchdog timer block diagram.

The DSP56720/DSP56721 has two WDT modules: WDT, WDT_1. The only differences between the
WDT and WDT_1 modules is that WDT is used by DSP Core-0 and WDT_1 is used by DSP Core-1. Only
the WDT is described in detail in this chapter.

13.2 WDT Pin-Outs for Different Device Packages

The watchdog timer has a dedicated output pin (WDT). WDT is held high during watchdog timer operation
until the watchdog timer times out. When the watchdog timer times out, the WDT pin is asserted low after
two EXTAL system clock cycle delays. Following a reset of the device, the WDT pin will de-assert high
after two EXTAL system clock cycle delays.

In the DSP56721 (80-pin and 144-pin packages) and the DSP56720 (144-pin package), the WDT and
WDT_1 pins are ‘ORed’ together, so that when either watchdog timer times out, the external pin is
asserted.

The watchdog timer is driven by the DSP’s main system clock (Fsys). Fsys is scaled by a fixed prescaler
(divide by 4096) prior to driving the 16-bit counter. The time-out period can be selected by writing to the
watchdog modulus register (WMR).

Time-out period = 4096 x (WMR + 1) clocks

* Example 1: For Fsys =200 MHz,
Time-out period = 4096 x ($00FFFF+1) = 268,435,456 clocks
Countdown time = (268,435,456 clocks/200,000,000 clocks per second)
Countdown time = 1.3422 seconds

e Example 2: For Fsys = 150 MHz,
Time-out period = 4096 x ($O0FFFF+1) = 268,435,456 clocks
Countdown time = (268,435,456 clocks/150,000,000 clocks per second)
Countdown time = 1.7896 seconds

*  Example 3: For Fsys = 100 MHz,
Time-out period = 4096 x ($006234 + 1) = 25,141 clocks
Countdown time = (25,141 clocks/100,000,000 clocks per second)
Countdown time = 251.41 microseconds
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When the counter reaches $000000, the WDT pin is asserted low. The WDT can be serviced by writing to
the WSR register (as described in Section 13.3.4, “Watchdog Service Register (WSR)”’). When serviced,
the counter is loaded with the reload value stored in the WMR register, and then continues counting down
from the new value.

There are four registers in the WDT:

1. The watchdog control register (WCR) configures the watchdog’s operation.

2. The watchdog modulus register (WMR) determines the timer modulus reload value.
3. The watchdog count register (WCNTR) provides visibility to the counter value.
4

. The watchdog service register (WSR) requires a service sequence to prevent assertion of the WDT
pin.

Fsys —» +4096 —» 16-bit Counter ——» WDT pin
A Count=20

Load Counter‘
L

Enable

WCR  Debug WCNTR WSR WMR
Control Count Service Modulus
Register Register Register Register

Peripheral Data Bus
Figure 13-1. Watchdog Timer Block Diagram
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13.3 WDT Registers

13.3.1 Watchdog Control Register (WCR)

The Watchdog Control Register is a 16-bit read/write register. It is a write-once register. Once written, the
WCR register cannot be written again before a hardware reset (except in Debug mode). The WCR register
uses only three bits— the rest of the bits are reserved. The WCR Register is located at Y:$FFFFCO.

11 10 9 8 7 6 5 4 3 2 1 0
WTC DBGC | WEN
23 22 21 20 19 18 17 16 15 14 13 12

Reserved bit - read as zero; should be written with zero for future compatibility.

Figure 13-2. WCR Register

1. Wait mode control bit (WTC)
0 = Watchdog timer functions normally in Wait mode.
1 = Watchdog timer is stopped in Wait mode.

2. Debug mode control bit (DBGC)
0 = Watchdog timer functions normally in Debug mode.
1 = Watchdog timer is stopped in Debug mode.

3. Watchdog Enable (WEN)
0 = Watchdog timer is disabled.
1 = Watchdog timer is enabled.

The WCR register is reset by a hardware reset only, and the reset value is $00000F. The WCR register can
be updated in Debug mode, and the WCR register retains the changed value after Debug mode. If the WCR
register has not been written before entering Debug mode, then writing in Debug mode does not affect the
WCR register’s capability to be written once in Normal mode. When Debug mode is exited, the timer
operation continues from the state it was in (before entering Debug mode), but any updates made in Debug
mode remain. If a write-once register is written to for the first time in Debug mode, the register is still
writable when the Debug mode is exited.

NOTE

Changing the DBGC bit from 1 to 0 during Debug mode starts the watchdog
timer. Changing the DBGC bit from O to 1 during Debug mode stops the
watchdog timer.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor 3



Watchdog Timer (WDT, WDT_1)

13.3.2 Watchdog Counter and WCNTR Register

The Watchdog Count Register (WCNTR) is a read-only register— writing to the WCNTR register has no

effect. The WCNTR register is located at Y:$FFFFC2.

10

WC11

WC10

WC9

WC8

WC7

WC6

WC5

WC4

WC3

WGC2

WC1

WCO

23

22

21

20

18

16

14

12

WC15

WC14

WC13

WC12

Reserved bit - read as zero; should be written with zero for future compatibility.

Figure 13-3. WCNTR Register

The WCNTR register reflects the current value of the 16-bit down-counter. The counter has a reset value
of $FFFF. Counter operations include:
1. Counter Reset: The counter is reset asynchronously by a hardware reset. Reset value = $FFFF.

2. Load counter: The counter is synchronously loaded from the WMR register. A 16-bit load occurs
if the watchdog is serviced. On a write to the WMR register, the corresponding value is updated in
the counter.

3. Down-counting: The 16-bit counter is decremented every Fsys/4096 clock cycles. When the
counter value changes from $0000 to $FFFF, which means the WSR was not serviced properly, the
WDT pin is asserted. The WDT pin assertion can only be cleared by hardware reset.

13.3.3 Watchdog Modulus Register (WMR)

The WMR register is a 16-bit read/write register, and is a write-once register. The WMR Register is located
at Y:$FFFFCI.

10

WM11

WM10

WM9

WM8

WM7

WM6

WM5

WM4

WM3

WM2

WM1

WMo

23

22

21

20

18

16

14

12

WM15

WM14

WM13

WM12

Reserved bit - read as zero; should be written with zero for future compatibility.

Figure 13-4. WMR Register
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The WMR register contains the modulus value that is reloaded into the watchdog counter by a service
sequence. After being written, the WMR register is not affected by further writes (except in Debug mode).
The WMR register can be written to in Debug mode (even if written to once earlier), and it retains the
changed value after exiting the Debug mode. If the WMR register has not been written to before entering
the Debug mode, writing to the WMR register in debug mode does not affect the WMR register’s capability
to be written to once in Normal mode.

Writing to the WMR register immediately loads the new modulus value into the watchdog counter. The
new value is also used at all subsequent reloads. Reading the WMR register returns the value in the
modulus register. A hardware reset initializes the WMR register to SOOFFFF.

13.3.4 Watchdog Service Register (WSR)

The WSR is a 16-bit write register, and is used to service the Watchdog timer. The WSR register is located
at Y:$FFFFC3.

WS11 | WS10 | WS9 | WS8 | WS7 | WS6 | WS5 | WS4 | WS3 | WS2 | WS1 | WSO

23 22 21 20 19 18 17 16 15 14 13 12
WS15 | WS14 | WS13 | WS12

Reserved bit - read as zero; should be written with zero for future compatibility.

Figure 13-5. WSR Register

When the watchdog timer is enabled, the watchdog timer is serviced by writing $005555, and then writing
$00AAAA to the watchdog service register (WSR). If the watchdog timer is not serviced before the
time-out, the watchdog timer will assert the WDT pin.

Both writes must occur in the order listed before the time-out, but any number of instructions can be
executed between the two writes. However, writing any value other than $005555 or $00AAAA to the
WSR resets the servicing sequence, requiring both values to be written to keep the watchdog timer from
asserting the WDT pin.
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13.4 Watchdog Operating Modes

13.4.1 Wait Mode

If the WCR[3] bit is set, then the Watchdog timer function stops and enters Wait mode. The counter and
the prescaler retain their values during Wait mode. If the WCR[3] bit is cleared, the timer function is
unaffected in Wait mode. All register accesses function in the normal fashion, regardless of the value of
the WCR[3] bit.

13.4.2 Debug Mode

If the WCR[1] bit is set, the Watchdog timer function stops and enters Debug mode. The counter and the
prescaler retain their values during Debug mode. If the WCR[1] bit is cleared, the timer function is
unaffected in Debug mode. In Debug mode, the WMR and WCR registers can be updated like a simple
read/write register. The write-once property of these registers do not apply in Debug mode. All changes
made in Debug mode are retained. A write-once register bit that has not previously been written is still
writable when Debug mode is exited.

13.4.3 Stop Mode

The Fsys is assumed to be stopped in Stop mode. The watchdog timer does not function in Stop mode.
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Chapter 14
Inter-Core Communication (ICC)

14.1 Introduction

Each DSP core can send out maskable or non-maskable interrupts to the other core via the ICC block. Each
core has its own write data register, which is used to pass data to the other core when generating an interrupt
to the other core. There are also polling registers for inter-core data exchange. Figure 14-1 shows a block
diagram of the ICC module.

14.1.1 Overview

The ICC block is interfaced to the peripheral bus of both DSP cores; each core can access the registers that
are dedicated to it. This section describes all of the registers in the register block.

Interrupts to DSP Core-0 Interrupts to DSP Core-1
Maskable Interrupt <+— —» Maskable Interrupt

_ Register Block ~
Non-Maskable Interrupt ¢—— —» Non-Maskable Interrupt
Acknowledge Interrupt <€—— — Acknowledge Interrupt
Error Interrupt <+— t t — Error Interrupt

Core-0 Core-1

DSP Core-0 Bus <yt 5, |1tcrface Bus Interface [l DSP Core-1 Bus

ICC

Figure 14-1. ICC Block Diagram
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Register Address

‘ Physical Registers ‘

Non-Maskable
Inter-Core Interrupts

Register Address

ICDR1 Y:$FF_FFDB .
SFF- )| 24-bit Data Registers : ICDR2_ Y:$FF_FFD9
: ICCR2 Y:$FF_FFD8
< ICCR1_ Y:$FF_FFDA }| Enable, Flag Registers I
ICDR2 Y:$FF FFD9 ICDR1 Y:$FF_FFDB
< $FF_ : 24-bit Data Registers |<
ICCR2 Y:$FF_FFD8 I _ ICCR1 Y:$FF_FFDA
< | Enable, Flag Registers |<
Core-0 Core-1
Bus Maskable Bus
Inter-Core Interrupts
ICDR3  Y:3FF_FFD7 , _ | ICDR4 Y:$FF_FFD4
}| 24-bit Data Registers I
ICCR3 Y:$FF_FFD6 ICCR4 Y:$FF_FFD3
>| Enable, Flag Registers l
ICARS  Y:$FF_FFDS5 ,| IntAck & ACK Reset ICAR4  Y:$FF_FFD2
Registers
ICDR4 Y:$FF FFD4 |CDR3 YZ$FF_FFD7
c SFF | 24-bit Data Registers |
ICCR4 Y:$FF_FFD3 ICCR3 Y:$FF_FFD6
I Enable, Flag Registers |4
ICAR4 Y:$FF_FFD2 Int Ack, & ACK Reset p ICAR3 Y:$FF_FFD5 >
Registers
Inter-Core
Poll Registers
ICPR1 Y:$FF_FFD1 ICPR2  Y:$FF FFD
| 24-bit Poll Data Registers|« c $FF_FFDO >
ICPR2 Y:$FF_FFDO -
< SFF »| 24-bit Poll Data Registers| ICPRT_YSFFFFD1

Figure 14-2. ICC Registers Block

There are a total of 12 registers in the ICC block. Each physical register is memory-mapped to the different
addresses for each of the two DSP cores, but the registers that are mapped to the same address in the two
cores have the same function.
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14.1.2 Features

* Each DSP core can generate interrupts to the other core via the ICC, and each core can clear the
interrupts from the other core by reading the corresponding data register.

— The data is written into the wrifte data register to generate an interrupt to the other core, if the
IE bit of the core’s control register is set. The core that services the interrupt can read the data
from the other core by reading its own read data register, and this reading operation will clear
the interrupt flag which produced the interrupt.

* An interrupt acknowledge function is available for the maskable interrupt. When the interrupted
core acknowledges the maskable interrupt by reading the data register, an ACK register bit is set to
inform the other core that the maskable interrupt has been serviced.

* Poll registers allow the DSP cores to exchange data and status. The contents of the polling register
can be read by the other DSP core via its own read-only polling register.

14.2 Memory Map and Register Definition

Table 14-1 shows the memory tables for ICC registers. Each core has the same register address mapping.

14.2.1 Memory Map

Table 14-1. ICC Block Memory Map

2:::‘::; Register Access | Reset Value | Section/Page
y:$FFFFDB | ICDR1 | ICC Data Register 1 w 0x00_0000 |14.2.2.1/14-5
y:$FFFFDA ICCR1 |ICC Control Register 1 R/W 0x00_0004 |(14.2.2.2/14-6
y:$FFFFD9 | ICDR2 |ICC Data Register 2 R 0x00_0000 |14.2.2.3/14-6
y:$FFFFD8 ICCR2 |ICC Control Register 2 R 0x00_0004 |14.2.2.4/14-7
y:$FFFFD7 | ICDR3 |ICC Data Register 3 W 0x00_0000 |14.2.2.5/14-8
y:$FFFFD6 | ICCR3 |ICC Control Register 3 R/W 0x00_0000 |14.2.2.6/14-8
y:$FFFFD5 | ICAR3 |ICC Acknowledge Register 3 R/W 0x00_0000 |14.2.2.7/14-9
y:$FFFFD4 | ICDR4 |ICC Data Register 4 R 0x00_0000 |14.2.2.8/14-10
y:$FFFFD3 | ICCR4 |ICC Control Register 4 R 0x00_0000 |14.2.2.9/14-10
y:$FFFFD2 ICAR4 |ICC Acknowledge Register 4 R/W 0x00_0000 |14.2.2.10/14-11
y:$FFFFD1 ICPR1 |ICC Polling Register 1 R 0x00_0000 |14.2.2.11/14-12
y:$FFFFDO | ICPR2 |ICC Polling Register 2 R/W 0x00_0000 |14.2.2.12/14-12
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Table 14-2 shows the register summary table for ICC block.
Table 14-2. ICC Registers Summary

Register 23 22 21 20 19 18 17 16 15 14 13 12
11 10 9 8 7 6 5 4 3 2 1 0
R
o |7
| i A N N A
w Data
R
ICCRH1 W
Y:FFFFDA R DRE IF
W
R Data of the other Core’s ICDR1 register.
-s-a- e ) N A A N R O D e
R Data of the other Core’s ICDR1 register.
W
R
ICCR2 W
Y:FFFFD8
R DRE IF
W
R
ICDR3 W Data
A I I N A
w Data
R
ICCR3 w
Y:FFFFD6 = = =
EIE MIE
W
R
ICAR3  |W
Y:FFFFD5 | R ACK
W RACK
R Data of the other Core’s ICDRS3 register.
veereoa (0l [ T [ 1 [ [ [ |
R Data of the other Core’s ICDR3 register.
L4 I A U e
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Table 14-2. ICC Registers Summary (continued)

. 23 22 21 20 19 18 17 16 15 14 13 12
Register
11 10 9 8 7 6 5 4 3 2 1 0
R
ICCR4  [w
Y:FFFFD3
R EIE EF MIF MIE
W
R
ICAR4 |W
Y:FFFFD2 R RACK | ACK
W
R Poll data from the other Core’s ICPR2 register.
ICPR1
weeepr 1 [ [ [ [ [ |
R Poll data from the other Core’s ICPR2 register.
w [ ]
R
ICPR2 m Poll Data to the other core (ICPR2 Data)
YFFFFDO |
m Poll Data to the other core (ICPR2 Data)
For both DSP cores, ICPR1 is a read-only register, and ICPR2 is a R/W register.
14.2.2 Register Descriptions
14.2.2.1 ICDR1 (ICC Data Register 1)
The ICDRI1 register is a 24-bit write-only data register. See Figure 14-3.
Address Y:FFFFDB Access: User Write
23 22 21 20 19 18 17 16 15 14 13 12
R | | | | | | | | |
w Communication Data
Reset 0 0 0 o | o 0 0 o | o 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R | | | | | | | | |
w Communication Data
Reset 0 0 0 o | o 0 0 o | o 0 0 0

Figure 14-3. ICDR1 Write Data Register
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Table 14-3. ICDR1 Field Descriptions

Blt Field Description

23-0 | Communication | Communication data that is written by one core and read only by the other core. The core that
Data writes this register cannot read the data that it writes. One core writes this register to issue a
non-maskable Interrupt to the other core.

14.2.2.2 ICCR1 (ICC Control Register 1)
The ICCRI control register is shown in Figure 14-4.

Address Y:FFFFDA Access: User Read
23 22 21 20 19 18 17 16 15 14 13 12
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R DRE IF
W
Reset 0 0 0 0 0 0 0 0 0 1 0 0

Figure 14-4. ICCR1 Control Register 1

Table 14-4. ICCR1 Field Descriptions

Bit Field Description

23-3 Reserved | Read-only

2 DRE Data Register Empty. Read-only; reset value is 1.
1: Data Register ICDR1 is Empty, new data can be written to ICDR1register.
0: Data Register ICDR1 is Full, new data cannot be written to ICDR1 register.

1 IF Read-only Interrupt Flag for non-maskable interrupt
1: Non-maskable interrupt flag is set, and an interrupt generated to the other core.
0: Flag cleared.

0 Reserved |Read-only

14.2.2.3 ICDR2 (ICC Data Register 2)
The ICDR?2 data register is shown in Figure 14-5.
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Address Y:FFFFD9

Inter-Core Communication (ICC)

Access: User Read

17 16 ’ 15 14 13 12

23 22 21 20 ‘ 19 18
R Communication Data
w | | | | | | | | |
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 ’ 3 2 1 0
R Communication Data
w | | | | | | | | |
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 14-5. ICDR2 Data Register
Table 14-5. ICDR2 Field Descriptions
Bit Field Description
23-0 Communication Data | Read-only communication data reflecting the other core’s ICDR1 data register.
14.2.2.4 ICCR2 (ICC Control Register 2)

The ICCR2 control register is show in Figure 14-6.

Address Y:FFFFD8

Access: User Read

23 22 21 20 19 18 17 16 15 14 13 12
R
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R DRE IF
w
Reset 0 0 0 0 0 0 0 0 0 1 0 0
Figure 14-6. ICCR2 Control Register
Table 14-6. ICCR2 Field Descriptions
Bit Field Description

23-3 Reserved

Read-only

2 DRE Data Register Empty flag that reflects the status of the same bit of the other core’s ICCR1 register.
1 IF Interrupt Flag that reflects the status of the same bit of the other core’s ICCR1 register.

1: Interrupt Flag is set valid, and interrupt is pending.

0: Interrupt Flag is cleared, no interrupt is pending.
0 Reserved | Read-only
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14.2.2.5 ICDR3 (ICC Data Register 3)
The ICDR3 data register is shown in Figure 14-7.

Address Y:FFFFD7 Access: User Write
23 22 21 20 19 18 17 16 15 14 13 12
R | | | | | | | | |
w Communication Data
Reset 0 0 0 o | o 0 0 o | o 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R | | | | | | | | |
w Communication Data
Reset 0 0 0 o | o 0 0 o | o 0 0 0

Figure 14-7. ICDR3 Data Register

Table 14-7. ICDR3 Field Descriptions

Bit Field Description

23-0 | Communication Data | Communication data that written by one core to issue a Maskable Interrupt to the other core.

14.2.2.6 ICCR3 (ICC Control Register 3)
The ICCR3 Control Register is shown in Figure 14-8.

Address Y:FFFFD6 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R EF MIF
W EIE MIE
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 14-8. ICCR3 Control Register

Table 14-8. ICCR3 Field Descriptions

Bit Field Description

23-4 Reserved | Write 0 for future compatibility.

3 EIE Error Interrupt Enable
1: Error Interrupt Enabled
0: Error Interrupt Disabled
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Table 14-8. ICCR3 Field Descriptions (continued)

Bit Field Description

2 EF Error Flag.

1: Error Generated

0: No Error Generated

This error status bit can be read, and is cleared by writing a one (1).

1 MIF Local Interrupt Flag for Maskable Interrupt
1: Flag set, indicates that an interrupt condition occurs.
0: Flag cleared, no interrupt condition occurs.

0 MIE Local Interrupt Enable bit for Maskable Interrupt

1: Interrupt Enabled, the maskable interrupt will be generated to the other core when the interrupt
condition occurs.

0: Interrupt Disabled. No interrupt will be generated even if the interrupt condition occurs.

14.2.2.7 ICARS3 (ICC Acknowledge Register 3)
The ICAR3 Control Register is shown in Figure 14-9.

Address Y:FFFFD5 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R ACK
W RACK
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 14-9. ICC ICAR3 Control Register

Table 14-9. ICARS3 Field Descriptions

Bit Field Description

23-2 Reserved | Write O for future compatibility.

1 RACK Reset ACK bit of this register. Writing a one (1) to this bit will clear the ACK bit.

0 ACK Maskable interrupt acknowledge bit.

1: Asserted when the other core has serviced the maskable interrupt.

0: No interrupt serviced has been by the other core. To clear ACK bit, write a one (1) to RACK bit (which
means that the ACK interrupt is serviced).
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14.2.2.8 ICDR4 (ICC Data Register 4)
The ICDR4 Data Register is shown in Figure 14-10.

Address Y:FFFFD4 Access: User Read
23 22 21 20 ‘ 19 18 17 16 15 14 13 12
R Communication Data
w | | | | | | | | |
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0
R Communication Data
w | | | | | | | | |
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 14-10. ICDR4 Data Register

Table 14-10. ICDR4 Field Descriptions

Bit Field Description

23-0 Communication Data | Read-only communication data that reflects the other core’s ICDR3 data register.

14.2.2.9 ICCR4 (ICC Control Register 4)
The ICCR4 Control Register is shown in Figure 14-11.

Address Y:FFFFD3 Access: User Read
23 22 21 20 19 18 17 16 15 14 13 12
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R EIE EF MIF MIE
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 14-11. ICCR4 Control Register

Table 14-11. ICCR4 Field Descriptions

Bit Field Description

234 Reserved | Write 0 to ensure future compatibility.

3 EIE Error Interrupt Enable bit that reflects the status of the same bit of the other core’s ICCRS3 register.

2 EF Error Interrupt Flag that reflects the status of the same bit of the other core’s ICCRS register.
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Table 14-11. ICCRA4 Field Descriptions (continued)

Bit Field Description
1 MIF Maskable Interrupt Flag that reflects the status of the same bit of the other core’s ICCRS register.
1: Interrupt Flag is set
0: Interrupt Flag is cleared
0 MIE Interrupt Enable bit that reflects the status of the same bit of the other core’s ICCR3 register.
1: Interrupt is Enabled
0: Interrupt is Disabled

14.2.2.10 ICAR4 (ICC Acknowledge Register 4)
The ICAR4 Register is shown in Figure 14-12.

Address Y:FFFFD2

Access: User Read

23 22 21 20 19 18 17 16 15 14 13 12
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
RACK | ACK
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 14-12. ICAR4 Control Register
Table 14-12. ICAR4 Field Descriptions
Bit Field Description
23-2 Reserved Write 0 to ensure future compatibility.
1 RACK Reflects the value of the RACK bit in the other core’s ICAR3 register.
0 ACK Reflects the value of the ACK bit in the other core’s ICARS register.
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14.2.2.11

ICPR1 (ICC Poll Register 1)

The ICPR1 polling register is shown in Figure 14-13.

| Address

Y:FFFFD1 Access: User Read
23 22 21 20 19 18 17 16 ‘ 15 14 13 12
R Data
w | | | | | | |
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R Data
w [ [ ] [ ] [ ]
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 14-13. ICC_ICPR1 Polling Register
Table 14-13. CPR1 Field Descriptions
Bit Field Description
23-0 Poll Data 24-bit Poll data from the other core. Read-Only.

14.2.2.12 ICPR2 (ICC Poll Register 2)

The ICPR2 polling register is shown in Figure 14-14.

Address Y:FFFFDO Access: User Read/Write
23 22 21 20 ‘ 19 18 17 16 15 14 13 12
R
Data
w
Reset 0 0 0 o | o 0 0 o | o 0 0 0
11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0
R
Data
w
Reset 0 0 0 0 ‘ 0 0 0 0 0 0 0 0
Figure 14-14. ICPR2 Polling Register
Table 14-14. CPR2 Field Descriptions
Bit Field Description
23-0 Poll Data The DSP Core writes this register to transfer poll data to the other core. The data can be read out by
the other core by polling its own ICPR1 register.
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14.3 Programming Model

The ICC provides two means for each DSP core to interact with the other core:

Inter-Core Communication (ICC)

* Poll registers are implemented to allow each core to write a poll data register (write ICPR2), which
can be read by the other core. Both cores can only read the data from the other core by polling its
own read-only register (read ICPR1).

* Interrupt-driven core interactions are supported. Two interrupts can be generated by each core to
interrupt the other core. One interrupt is maskable, and the other interrupt is non-maskable. If the
interrupt is enabled by the IE bit in the core’s control register, an interrupt is generated when the
other DSP core writes its data register. The core that receives this interrupt will service it by running
an interrupt service routine to clear the interrupt. The priority of the interrupt is determined by the

corresponding bits in the PIC register (IPRP).

14.3.1 Inter-Core Maskable Interrupts

The maskable interrupt operation is shown in Figure 14-15.

Other Core

Clear IF —
v f

CR4

One Core
writes 24-bit Data Register
(ICDR3)
Set IF
Reserved IF | IE
ICCR3 \I'
Write 1 to . RACK ACK
RACK bit "

ICAR3 j
Clear ACK

Interrupt ACK <

request

ECAFM
SetAC

D

K

Figure 14-15. Maskable Interrupts

P reads
(ICDR4)

Interruptto the
other Core

In Figure 14-15, the 24-bit data register is used to store the maskable interrupt communication data that
will be read out by the other core. The control register contains the IF (Interrupt Flag) and IE (Interrupt
Enable) bits that are used to generate the interrupt to the other core. When interrupt is disabled or unused,
the 24-bit data register can act as a polling data register as well.

When a core writes any data to its communication data register (ICDR3), the IF bit of its control register
(ICCR3) will be set by hardware. If the IE bit is logic 1 at the same time, an interrupt is generated for the
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Inter-Core Communication (ICC)

other core. When the other core services this interrupt, it reads its own read-only communication data
register (ICDR4) to obtain the data from the core that produces the interrupt. This reading operation will
clear the IF bit and set the ACK bit of the other core’s ICAR3 register, and an acknowledge interrupt is
generated to indicate the serviced core that the interrupt has been serviced. The ACK bit can be cleared by
writing 1 to the RACK bit of ICAR3 register.

For the core that generates the interrupt, the IE bit is readable and writable, but the IF bit is read-only. For
the core that services the interrupt, IF and IE are read-only register bits.

For the core that generates the maskable interrupt, the RACK bit is read-writable and the ACK bit is
read-only. For the core that services the maskable interrupt, RACK and ACK are both read-only bits.

14.3.2 Inter-Core Non-Maskable Interrupts

The ICC non-maskable interrupt operation is shown in Figure 14-16.

One Core R R OtherCore
writes q ICDR1 » reads
DRE==1 —» DRE ==
— Set IF bit
v
Clear
— DRE DRE IF
ICCR1 4
» NMI to the
. other Core
Note: IF bit is
cleared
automatically by
hardwatre. L SetDRE

Figure 14-16. Non-Maskable Interrupts

When one DSP core needs to generate a non-maskable interrupt to the other core, that core writes a datum
to the ICDR1 data register. However, the data can be written to this register and the IF bit can only be set
when DRE is 1, which indicates that the data register is empty. So the DRE bit must be polled before
writing a datum to the ICDR1 data register. When the core writes a datum successfully into the ICDR1
register, the DRE bit is cleared to indicate that the ICDRI register is full, and the other core can now read
this data correctly using its interrupt service routine. After the other core has read the communication data
via its read-only ICDR2 register, the DRE bit will be set to indicate that the ICDR1 register is empty again.

The IF bit of the inter-core non-maskable interrupt control register (ICCR1) is not cleared by writing 1 to
it or by the other core’s reading of the ICDR1 register. The IF bit of the ICCR1 register is automatically
cleared by the hardware when the other core has serviced this non-maskable interrupt.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

14 Freescale Semiconductor
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14.3.3 Polling

The poll register is a 24-bit R/W register for the two DSP cores to share data or software-defined status
flags to the other core. The two cores can only read their own read-only poll registers to obtain the data
from the other core. See Figure 14-17.

Core 0 ICPR1 Core 1 ICPR1
Core 1 ICPR2 Core 0 ICPR1

Core-0 peripheral bus «@e====Jp,( 24-bit Poll Data Register =l Core-1 peripheral bus

Figure 14-17. Poll Data Register

For the two DSP cores, poll register ICPR2 is read-writable, and poll register ICPR1 is read-only. One core
writes data to its ICPR2 poll register, after which the other core reads its own ICPR1 to obtain the data (that
was written to the ICPR2 register).

14.3.4 Error Interrupts

The maskable error interrupt for each core is generated when one core writes to the ICDR3 register and
the other core reads the ICDR4 register at the same time. The core that reads the ICDR4 register will
receive this error interrupt. This situation will not happen if reading the ICDR4 register is always executed
in the maskable interrupt service routine. Generating this error interrupt condition is only for handling such
an error in case that the wrong operation takes place.

For the communications via maskable interrupt, users should always read the ICDR4 register in the
maskable interrupt service routine. Figure 14-18 shows how error interrupts are generated.

One Core Other Core
writes  m———l ICDR3 Register P> reads
(ICDR3) (ICDR4)

A Write and Read operation
at the same time sets the error flag

Other Core writes
v

L 1 to clear the EF

EIE EF
ICCR3 ‘

D——» Error interrupt

Figure 14-18. Error Interrupt Generation

When this error condition occurs, the maskable interrupt will not be generated (even it is enabled), because
the maskable interrupt flag is not set by the hardware when the error condition occurs. The ICC error
interrupt is shared with the EMC error interrupt. For distinguishing the two interrupts (ICC error and EMC
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error), there is a read-only status register implemented, called the Error Interrupt Status Register. The
address of this read-only status register is Y:$FFFFC8. See Figure 14-19 for the bit definitions.

Address Y:FFFFC8 Access: User Read
23 22 21 20 19 18 17 16 15 14 13 12
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R LEF IEF
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 14-19. Error Interrupt Status Register (EISR)

Table 14-15. EISR Field Description

Bit Field Description

23-2 | Reserved

1 LEF EMC Error Flag
1: EMC Error is Generated
0: EMC Error is Not Generated

0 IEF ICC Error Flag
1: ICC Error Condition is Generated
0: ICC Error Condition is Not Generated

Each core has an EISR register. For Core-0’s EISR register, the IEF indicates the flag of the error interrupt
to Core-0. For Core-1’s EISR register, the IEF bit indicates the flag of the error interrupt to Core-1.

To see which module produces this error interrupt, you must poll this ESIR register in the interrupt service
routine. If the interrupt is caused by the ICC, then write a one (1) to the ICCR3[2] bit to clear this status
flag.

14.3.5 Reset

Both hardware reset and software reset can put all of the ICC registers to a known state.
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Chapter 15
Shared Bus Arbiter

15.1 Introduction

15.1.1 Overview

The Shared Bus Arbiter provides coherent system bus arbitration between two Shared Bus masters
(Core-0/DMADO, Core-1/DMAT) using round-robin, fixed, and other methods. The Shared Bus Arbiter is
used when two masters access external memory, shared memory or shared peripherals, but only if both
masters are accessing the same endpoint. No arbitration occurs if each Shared Bus master accesses
different endpoints because there is no bus contention.

Shared Bus Master 0
(Core-0/DMAO) «—

Shared Bus

Shared Bus <«—» Slave

Arbiter

Shared Bus Master 1
(Core-1/DMA1) >

Arbitration Method Control
Figure 15-1. Shared Bus Arbiter

15.1.2 Features

Each Shared Bus is a multiplexed bus of the DSP core's P, X and Y buses and the DMA bus. Arbitration
on each Shared Bus between the DSP core and its DMA is configured by the Core-DMA Priority bits in
the OMR register (see Chapter 5, “Core Configuration” for more information).

This section is limited to describing the arbitration between the shared bus for Core 0/DMA 0 and the
shared bus for Core 1/DMA 1.
The arbiter includes:
* Flexible arbitration policy, which supports:
— Fixed arbitration method
— Round-robin arbitration method
— Specific arbitration for continuous transfer
* Arbitration happens only when the current access is enabled and in active address scope
* Zero-cycle delay in arbitration
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15.2 Memory Map and Register Definition

There are no registers or memory in this block.

15.3 Functional Description

The following sections describe the arbiter functionality.

15.3.1 Shared Bus Arbitration

The arbitration process involves the masters and the arbiter. The masters arbitrate on the privilege to own
the address tenure. For the data tenure, the arbiter uses the same order of transactions as address tenures.

15.3.1.1  Configuring the Arbitration Method

When Shared Bus access contention occurs, the Arbiter Control Register (ARCR) in the chip configuration
module determines the arbitration method. Three static arbitration methods are supported: Shared Bus
Master 0 always has priority, Shared Bus Master 1 always has priority, and the round-robin method (the
bus masters take turns getting bus access). See the Chapter 21, “Chip Configuration Module” for more
about the ARCR register.

15.3.1.2 Shared Bus Master 0/1 Always Has Priority Methods

When either Shared Bus Master 0 or Shared Bus Master 1 has priority, a Shared Bus access request from
the master with priority is always granted first. The access sequences for this type of static arbitration based
on priority for Master 0 or Master 1 are shown in Figure 15-2 and Figure 15-3.
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System Clock

Master-0 Req

Master-0 Access MO-1 X MO0-2 M0-3>Q/[0-4><

Master-1 Req

Master-1 Access X Mil-1 X M1-2 X M1-3 X Ml-4 X MI-5 X
Arbiter Out X M0-1 X M0-2 X MO-3>Q/IO-4>Q/[1-I>< M1-2 X M1-3 X M1-4 >Q/Il-5><
- D

Note: All accesses are assumedto ~ Master-0 Master-1
finish with O wait states after the
arbitration has occurred.

Figure 15-2. Shared Bus Master 0 Always Has Priority

System Clock ‘

Master-0 Req

Master-0 Access X MO-1 MO0-2 MO-3 MO-4 M0-5><

Master-1 Req

Master-1 Access >< M1'1>< M1'2>< MI-3 M1‘4><
Arbiter Out X M1-1 X MI1-2 ><M1-3>@1-4 X MO-1 X M0-2 X MO0-3 X Mo-4 >@0-5 X
- - DR - _

Note: All accesses are assumed to Mastér-1 Master-0
finish with 0 wait states after the
arbitration has occurred.

Figure 15-3. Shared Bust Master 1 Always Has Priority
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15.3.1.3 Round-Robin Arbitration Method

The Round-Robin arbitration method that decides the access delays is shown in Table 15-1 and

Figure 15-4. In round-robin arbitration, Master 0 always has priority on the first contention before bus
access starts alternating between the two bus masters. All it takes is one access from either Master O or
Master 1 with no contention and bus access goes back to Master 0 first on the next bus contention.

Table 15-1. Round-Robin Arbitration Method

Input Output
State Flag Master 0 | Master 1 | Master 0 | Master 1 Flag
1 0 0 0 0 0 0
2 0 0 1 0 1 0
3 0 1 0 1 0 0
4 0 1 1 1 0 1
5 1 0 0 N/A
6 1 0 1 0 1 0
7 1 1 0 N/A
8 1 1 1 0 1 0
Notes | Flag: 1 — Set, 0 —Cleared Flag: 1 — Set, 0 — Cleared
Master 0/Master 1: Master 0/Master 1:
1 — Access requested, 1 — Access provided,
0 — No access requested 0 — No access provided
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System Clock ‘

Master-0 Req

Master-0 Access X MO-1 >< MO0-2 >< MO0-3 >< X M0-4 X MO-5 X

Master-1 Req
Master-1 Access >< MH‘X M1-2 >< 4>< MI-3 >< M1-4 X

Master-1 Master-1 Master-1 Master-1
Arbiter Out X MO-1 X MI-1 X M0-2 X MI-2 X MO0-3 X X MO0-4 X M1-3>Q/IO-5><M1-4 X
Master-0 Master-0 Master-0 Master-0 Master-0

Note: All accesses are assumed to
finish with 0 wait states after the
arbitration has occurred.

Figure 15-4. Round-Robin Arbitration Method

15.3.1.4 Cores/DMA Continuous Access Arbitration
The arbiter has specific arbitration behavior for continuous access from a DSP core or DMA.

A core access introduced by a core RMW (read-modify-write) instruction means that the next access must
be by the same core, and will cause the Shared Bus Arbiter to reserve the next access for the same Shared
Bus master. This behavior implies that one core RMW operation cannot be interrupted by the other Shared
Bus masters (the other DSP core or DMA).

DMA continuous access can be set by configuring the corresponding DMA channel control register. If a
DMA continuous access has priority over the other Shared Bus master, then the Shared Bus master must
wait until one cycle after the DMA continuous access has completed, before it takes the access.

For shared memory access, DMA continuous access is ignored (the core RMW instruction is not ignored).
If DMA uses continuous access to the shared memory, the DMA continuous access is regarded as normal
access by the shared memory.
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Chapter 16
Shared Memory (Shared Memory)

16.1 Overview

The shared memory is memory space accessible by either DSP Core-0 or Core-1, and consists of multiple
8K word blocks for a total of 8 x 8K words of memory space. The memory space is located at
$030000-$03FFFF, and can be accessed as X, Y or P memory.

* Three arbitration methods can be used. See the Chapter 15, “Shared Bus Arbiter” for more
information about arbitration.

e Multiples of 8K memory blocks are used. Different blocks can be accessed at the same time by the
two DSP cores with no contention.

16.2 Block Diagram

To reduce access conflict, the entire shared memory space is divided into several shared memory banks.
Shared Bus 0 and Shared Bus 1 accesses are able to happen simultaneously as long as the two accesses do
not hit the same memory bank. If both Cores or DMA attempt to access data within the same shared
memory block, a delay of at least 1 cycle will occur, but no data will be lost. In general, memory accesses
complete with zero wait states unless there is memory contention. All P memory accesses by a core via the
Shared Bus always completes with one additional wait state.

< T f f P> Shared Bus for Core-0
< l t l t l t P Shared Bus for Core-1
Shared Bus Arbiter 0 Shared Bus Arbiter 1 Shared Bus Arbiter 7
Shared Memory #0 Shared Memory #1 Shared Memory #7
(8K) (8K) (8K)

Figure 16-1. Shared Memory

See the Chapter 15, “Shared Bus Arbiter” for more information.
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Chapter 17
Shared Peripheral Bus

17.1 Introduction

The Shared Peripheral Bus module performs arbitration between the two DSP cores, to convert
transactions issued on the Shared Bus to Shared Peripheral Bus transactions, and to integrate other internal
device circuits with the Shared Peripheral bus interfaces. Both DSP cores use the Shared Peripheral Bus
to access the shared peripherals. Figure 17-1 shows how the Shared Peripheral Bus fits into the

DSP56720/DSP56721 device.

Core-0

Core-1

Shared Bus

Shared Bus Arbiter

Shared Bus

Shared Peripheral Bus

Shared Peripherals

Figure 17-1. Shared Peripheral Bus in DSP56720/DSP56721

17.1.1 Features

Shared Peripheral Bus features include:

e Two arbitration methods are used:

— Fixed arbitration
— Round-Robin arbitration

* Specific arbitration methods for continuous transfers for DSP Cores and DMAs

* Fire and forget single write accesses

* No additional delays are introduced when converting Shared Bus access to Shared Peripheral Bus
access. Most accesses compete with zero wait states (in addition to any delays added by the shared

peripheral and arbitration).
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17.2 Memory Map and Register Definition

There are no registers or memory in this block.

17.3 Functional Description

The Shared Peripheral Bus sits between a Shared Bus Arbiter and the shared peripherals. (For more details
about the possible arbitration schemes, see Chapter 15, “Shared Bus Arbiter.”)

Write accesses on the Shared Peripheral Bus complete with zero wait states, in addition to any wait states
added by the Shared Bus Arbitration. Please note that when writing to a peripheral that requires wait states
on accesses, the write will still complete with zero wait states, but the Shared Peripheral Bus will still take
the required number of wait states to complete the bus access. This has the effect of adding wait states to
any subsequent accesses during that time.

Read accesses on the Shared Peripheral Bus usually complete with zero wait states, in addition to any wait
states added by the particular peripheral accessed and the Shared Bus arbitration.

However, any write access on the Shared Peripheral Bus that is immediately followed by a read access on
the following system clock cycle will cause one wait state to be added to the read access. There must
always be one empty cycle between a write access and a subsequent read access on the Shared Peripheral
Bus.

In addition, any read or write access that follows a write access to a peripheral (that adds wait states to the
access) will add that number of wait states to the current access.
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Chapter 18
EMC Burst Buffer

NOTE
The EMC is not available on the DSP56721 device.

18.1 Introduction

The EMC Burst Buffer converts single transactions on the Shared Bus to EMC burst transactions.
Figure 18-1 shows how the EMC Burst Buffer is incorporated in the DSP56720 device. In the DSP56720,
Core 0/DMA 0 is Shared Bus master 0, and Core 1/DMA 1 is Shared Bus master 1.
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Core 0 DMA 0 Core 1 DMA 1
Shared Bus | Gore/DMA Arbiter Core/DMA Arbiter | Shared Bus
Master O Master 1
% Shared Bus ﬁ
| Shared Bus Arbiter |
EMC Burst Buffer
BAR | BAR BAR | BAR BAR | BAR BAR | BAR |
Reg 0 | Reg 0 Reg 0 | Reg 0 Reg 0 | Reg 0 Reg 0 [ Reg 0
Reg 1| Reg 1 Reg 1 | Reg 1 Reg 1 | Reg 1 Reg 1| Reg 1
Reg 2| Reg 2 Reg2 | Reg 2 Reg 2 | Reg 2 Reg 2 [ Reg 2
Reg 3 | Reg 3 Reg 3 | Reg 3 Reg 3| Reg 3 Reg 3| Reg 3
Reg 4 | Reg 4 Reg 4 | Reg 4 Reg 4 | Reg 4 Reg 4 | Reg 4
Reg5 | Reg 5 Reg 5| Reg 5 Reg 5| Reg 5 Reg 5| Reg 5
Reg 6 | Reg 6 Reg 6 [ Reg 6 Reg 6 [ Reg 6 Reg 6 | Reg 6
Reg7 | Reg7 Reg7 [Reg?7 Reg7 | Reg7 Reg7|Reg7
Read Buffer 0 Write Buffer 0 Read Buffer 1 Write Buffer 1
Reg: 24-bit Register 1
BAR: Base Address Register

EMC

i External Memory

X Space Y Space P Space
Figure 18-1. EMC Burst Buffer in DSP56720

18.1.1 Overview

The EMC Burst Buffer sits between the Shared Bus and the EMC. The EMC Burst Buffer transfers
read/write transactions issued on the Shared Bus to the EMC. In addition, a small burst cache is introduced
into this block to provide burst operations, to support successive accesses from Shared Bus masters for
high data transfer performance.

Four burst buffers are included in the burst cache for Shared Bus master O read, Shared Bus master O write,
Shared Bus master 1 read, and shared Bus master 1 write respectively. Each burst buffer has 16 24-bit
words alternating (ping-pong style) between the two sets of 8 words.
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18.1.2 Features

The EMC Burst Buffer includes the following features:
* A simple burst cache enables burst accesses, including four burst buffers.
* Executes burst from Shared Bus masters based solely on the address being accessed.
» Fire-and-forget single write access.
* Zero wait state access for writes and reads that hit within the burst buffer.
* Read data returned are always zero if no access happens.

18.2 Memory Map and Register Definition

No registers or memory are in this block.

18.3 Functional Description

The following sections describe the arbiter functionality: address scope, burst control, read access and
write access. The module can execute burst read/write transfers because there is a small burst cache with
two 8-word buffers for both burst read and burst write. All outputs will not be registered, so a one cycle
delay is avoided in transfers. All reads to entries within the burst buffer finish with zero wait states, while
writes to an entry within a burst buffer (if there is room) also finish with zero wait states.

Four burst buffers are included in the burst cache of the gasket for Shared Bus master O read, Shared Bus
master 0 write, Shared Bus master 1 read, and Shared Bus master 1 write respectively. Each buffer has 16
24-bit words alternating (ping-pong operation) between the two sets of 8. Burst operation can be controlled
by configuring the corresponding register bits in the Chip Configuration module in the DSP56720.

18.3.1 Burst Control

There are control bits in the EMBC (External Memory Burst Control) register for burst access control of
X, Y, and P external memory space.

* Bits 3-0 of the EMBC register are named the “X Space Burst Boundary”, and these bits define the
IM burst region in the X external memories.

* Bits 11-8 of the EMBC register are named the “Y Space Burst Boundary”, and these bits define the
IM burst region in the Y external memories.

* Bits 19-16 of the EMBC register are named the “P Space Burst Boundary”, and these bits define
the 1M burst region in the P external memories.

For more information about these bits or the EMBC register, see Chapter 21, “Chip Configuration
Module.”

In the EMBC register, the two EXMBC bits, two EYMBC bits, and two EPMBC bits control the burst
behavior of X, Y, and P external memories, as shown in Table 18-1, Table 18-2, and Table 18-3.
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Table 18-1. External Memory X Space Burst Control

EXMBC Action
00 Module doesn’t burst any external memory accesses inside the X address space.
01 Module only bursts external memory accesses outside of the non-burst region of X address space.
10 Module bursts any external memory accesses inside the X address space.
11 Reserved
Table 18-2. External Memory Y Space Burst Control
EYMBC Action
00 Module does not burst any external memory access inside the Y address space.
01 Module only bursts external memory access outside the non-burst region of Y address space.
10 Module bursts any external memory accesses inside Y address space.
11 Reserved
Table 18-3. External Memory P Space Burst Control
EPMBC Action
00 Module does not burst any external memory accesses inside the P address space.
01 Module only bursts external memory accesses outside the non-burst region of P address space.
10 Module bursts any external memory accesses inside the P address space.
11 Reserved

Any access which does not use a burst buffer, does not affect the current contents of that burst buffer.

Software can manually invalidate the read buffer or write buffer by setting the corresponding control
register bit to assert the corresponding control signal to the gasket. Software is then totally responsible for
maintaining coherency on the four buffers.

When software sets the IRBO or IRB1 bit in the ODBC register, the module will set the data left in the read
buffer of Shared Bus master [0/1] to “invalid,” and will stall any access requests from any Shared Bus
master [0/1] until all of the data in the read buffer has been invalidated. After invalidation of the read buffer
has finished, the hardware automatically clears the corresponding register bit (IRBO or IRB1).

When software sets the IWBO or IWB1 bit in the ODBC register, the module should store the data left in
the write buffer of Shared Bus master [0/1] into external memory, and will stall access requests from any
Shared Bus master [0/1] until all of the data in the burst buffer is written to external memory. After
invalidation of the write buffer has finished, the hardware automatically clears the corresponding register
bit (IWBO or IWB1).
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18.3.2 Read Access

When the current access is read access inside the available burst address scope, the EMC Burst Buffer
Burst Buffer will execute a burst read operation; otherwise the access is taken as a single read access. The

Figure 18-2 shows the read access flow.

< External read access >

No Yes
Burst read access?

Yes No
I 1st 8-word buffer is hit?

v No
8 beat burst read on
; -— 2nd 8-word buffer
Execute single read v 1st 8-word buffer Sy
1st hit No Yes #
after this 8-word Buffer .
refreshed? 1st hit
after this 8-word Buffer
Yes invalidation?
Return the hit data
and begin 8 beat Return the hit data
o (l;urst re:c:) c;? Return the hit data
nd 8-word buffer and begin 8 beat
burst read on
¢ 1st 8-word buffer
External read

access finished

Figure 18-2. Read Access Flow

18.3.2.1 Single Read

For single read access, the EMC Burst Buffer passes the access straight through to the EMC, without any
other functions being involved.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor



EMC Burst Buffer

18.3.2.2 Burst Read

There are two burst read buffers: one burst read buffer for Shared Bus master 0, and one burst read buffer
for Shared Bus master 1. Each Shared Bus master uses its own read buffer independently.

Each read buffer has 16 24-bit words alternating (ping-pong style operation) between the two sets of 8
words, and there are two 8-word buffers in each read buffer.

The burst read is always an 8-beat transfer to the EMC.

In one read butffer, each 8-word buffer has a 26-bit base address register, because the Shared Bus access
address is 26-bits— actually consists of a 24-bit address and a 2-bit encoded address space.

Each 8-word buffer has one “valid” bit, which indicates that the read data in the 8-word read buffer is
available for burst read access when the bit asserted.

During an burst read access, the module compares the access address with the base address register for the
two 8-word buffers, respectively.

» If the address is inside the range from base address to (base address + 7) in either 8-word buffer,
the data is in the buffer, and the buffer returns the read data to the Shared Bus directly with zero
wait states.

* If no 8-word buffer is hit, the module sends an 8 word burst request to the EMC to load 8 words
from external memory into the first 8-word buffer; at the same time, the access address is loaded
into the base address register. After the burst operation has finished, the corresponding “valid” bit
is set, and the read data that was loaded into the buffer is returned.

» If the data hit is the first time for one 8-word buffer (after the last burst operation has finished), or
is the first data hit for one of the 8 word buffers, then the module triggers the other 8-word buffer
to execute an 8-word burst operation after the end address of the last burst operation, and on the
following 8 words in external memory, the module stores the burst access address into the base
address register. The two 8-word buffers alternately execute bursts (ping-pong style).

When an 8-word buffer is executing a burst operation, the other 8-word buffer can return its data (stored
in it) to the Shared Bus on a hit due to a read access.

18.3.3 Write Access

When the current access is a write access inside the available burst address scope, the EMC Burst Buffer
executes a burst write operation; otherwise the access is taken as a single write access.

The Figure 18-3 shows the write transfer.
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< External write access >

No . Yes
Burst write access? —¢

Yes

— Current 8-word buffer
empty?

No+

Sequential address Yes
V following the last

Execute single Write burst write access?

(Fire and Forget)
No
>¢

Yes Is there burst write
- on the other
8-word buffer?

Begin burst write on the data

in this 8-word buffer, and No v

set the other 8-word buffer . .

to be the current 8-word buffer Store write data into the
current 8-word buffer

Begin burst write Yes
on the data - Is this buffer full?
in this 8-word buffer

¢ "

External write
access finished

Figure 18-3. Write Access Flow

18.3.3.1 Single Write

When a single write happens, the EMC Burst Buffer will execute a fire-and-forget write. The EMC Burst
Buffer terminates the Shared Bus access (with zero wait states) and registers the write data, allowing the
Shared Bus master to continue operations while the EMC Burst Buffer performs the write operation to the
EMC. The EMC Burst Buffer will stall any following request acknowledge accesses from the Shared Bus
until the EMC is ready for the next access.
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18.3.3.2 Burst Write

There are two burst write buffers; one burst write buffer for Shared Bus master 0, and one burst write buffer
for Shared Bus master 1. Each Shared Bus master use its own write buffer independently.

Each write buffer has 16 24-bit words alternating (ping-pong style operation) between the two sets of eight
words, and there are two 8-word buffers in each write buffer.

The burst write length can be 1 to 8 words. In one write buffer, each 8-word buffer has a 26-bit base address
register the same as the read buffer.

When a burst write access occurs, the EMC Burst Buffer checks the current 8-word buffer being used.

» If the 8-word buffer is empty, or the access address is a sequential address following the last burst
write access and the buffer is not full, then the 8-word buffer stores the write data in it, terminates
the access immediately without involving the EMC, and returns the address of the first write data
is stored into the base address register.

» If the 8-word buffer is not empty and is not a sequential address, the sub-buffer stores the write data
left in it into external memory through the EMC, by executing a burst operation (the burst length
is the number of data words in the buffer). At the same time, the module sets the other 8-word buffer
as the current buffer to accept the following write data, and the write access address is recorded in
the corresponding base address register.

When a 8-word buffer is storing write data into external memory, the other 8-word buffer can continue to
accept write data from the Shared Bus, unless the 8-word buffer is not empty, or if the write access address
is not sequential with the last write access address, or if the 8-word buffer is full. If the other 8-word buffer
needs to execute a burst operation to flush itself, it must wait until after the other 8-word buffer’s burst
operation has finished.
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Chapter 19
S/PDIF—Sony/Philips Digital Interface

19.1 Introduction

The Sony/Philips Digital Interface (S/PDIF) audio module is a stereo transceiver that allows the DSP to
receive and transmit digital audio over it. The S/PDIF transceiver allows the handling of both S/PDIF
channel status (CS) and User (U) data and includes a frequency measurement block that allows the precise
measurement of an incoming sampling frequency.

A recovered clock is provided to drive both internal and external components in the system such as the
on-chip S/PDIF transmitter, ESAI ports, as well as external A/Ds or D/As, with clocking control provided
via related registers.

Figure 19-1 shows a block diagram of the S/PDIF transceiver data paths (receiver and transmitter) and its
interface.

SPDIFINT [ ] > 3| S/PDIF RCV FIFO Left f
SPDIFIN2 [ ] >
SPDIFIN3 [ ] > S/PDIF L» | S/PDIF RCV FIFO Right >
SPDIFIN4 [ ] > Receiver
L ———p| SPDIFRcvCChannel_h Register S
L p —| SPDIFRcvCChannel_| Register -
—P
L p —| UChannelRcv Register —
h IRcv Regi
SPDIFOUT | QChannelRcv Register —»
SELECT Shared
Peripheral
Bus
SPDIFOUT1[_ |« < S/PDIF OFF —| S/PDIF XMT FIFO Left  |[¢————————
< I
S/PDI.F L—| S/PDIF XMT FIFO Right -
SPDIFOUT?2 |:|< Transmitter
< SPDIFTxCChannelCons_h Register |q¢—
SPDIFTxCChannelCons_| Register  |¢——
SPDIFTxCChannelProf_h Register  |[€——
| SPDIFTxCChannelProf_| Register D

v

Figure 19-1. S/PDIF Transceiver Data Interface Block Diagram
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As is shown in Figure 19-1, the S/PDIF is composed of two parts: S/PDIF receiver and S/PDIF transmitter.

The S/PDIF receiver extracts the audio data from each S/PDIF frame and places the data in a 6-word-deep
FIFO. The channel status and user bits are also extracted from each frame and placed in the corresponding
registers. The S/PDIF receiver also provides a bypass option for direct transfer of the S/PDIF input signal

to the S/PDIF transmitter.

For the S/PDIF transmitter, the audio data is provided by the processor via the SPDIFTxLeft and
SPDIFTxRight registers. The channel status bits are also provided via the corresponding registers. The
S/PDIF transmitter generates a S/PDIF output bitstream in the biphase mark format (IEC958), which

consists of audio data, channel status, and user bits.

In the S/PDIF transmitter, the IEC958 biphase bit stream is generated on both edges of the S/PDIF

Transmit clock. The S/PDIF Transmit clock is generated by the S/PDIF internal clock generate module and
the sources are from outside of the S/PDIF block. For the S/PDIF receiver, it can recover the S/PDIF rcv
clock. Both the tx clock and rcv clock are sent to the ASRC. Figure 19-2 shows the clock structure of the

S/PDIF transceiver.

SPLOCK «—

SPDIFINT —
SPDIFIN2
SPDIFIN3
SPDIFIN4

VVVi

SPDIFOUT 4—Q Off <
S/PDIF

S/PDIF

To the ESAI, ESAI_1, ESAl_ 2,4 ~
ESAI_3 HCKR pins

DPLL

Receiver | RCVR

BLCK

Audio

6 sample

Data

FIFO

| C Channel 0-23
C Channel 24-47
U Channel 0-23
Q Channel 0-23

i 6 1
SPDIFOUT? < Transmitter e
Euhanne .cons 0-23
|C Channel.cons 24-47
|C Channel.prof 0-23
|C Channel.prof 24-31
Extal >
HCKT :
HCKT_1 —p{TxClk_DF
HCKT_2 >
HCKT_3 > 1-128
System clock ——p{ SYSCLK_DF —p
(from CGM) 51

S/PDIF Receive Clock
!

| Clock Input

v

ASRC
3 In/ 3 Out

_______ 4

|Output Clock
|

|
|
|
I
l

S/PDIF Transmit Clock

Figure 19-2. S/PDIF Transceiver Clock Diagram
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19.1.1 Features

S/PDIF Receiver:
— One S/PDIF Receiver
— Four multiplexed S/PDIF inputs

— Input sample rate recovery
— Supports 32 kHz, 44.1 kHz, 48 kHz, 64 kHz, 88.2 kHz, and 96 kHz
— CD Text Support
— CS and U bit Recovery

*  S/PDIF Transmitter:
— Single S/PDIF Transmitter

— Two independent S/PDIF outputs.
— CS bit Support

S/PDIF—Sony/Philips Digital Interface

* Interrupt or DMA control of S/PDIF input and output data
* S/PDIF Receiver to S/PDIF Transmitter Bypass Mode

19.1.2 External Signal Description

Table 19-1. Signal Properties

Signal Name Signal State during Reset Description
Type
SPDIFINT1 Input GPIO Disconnected | S/PDIF Input Line 1
IEC958 data in biphase mark format.
SPDIFIN2 Input GPIO Disconnected | S/PDIF Input Line 2
IEC958 data in biphase mark format.
SPDIFIN3 Input GPIO Disconnected | S/PDIF Input line 3
IEC958 data in biphase mark format.
SPDIFIN4 Input GPIO Disconnected | S/PDIF Input Line 4
IEC958 data in biphase mark format.
SPDIFOUT1 Output GPIO Disconnected | S/PDIF Output Line 1
IEC958 data in biphase mark format. (consumer C channel).
SPDIFOUT2 Output GPIO Disconnected | S/PDIF Qutput Line 2
IEC958 data in biphase mark format (professional C channel).
SPLOCK Output GPIO Disconnected | S/PDIF Rx DPLL Lock Indicator

Note: When the S/PDIF is configured as GPIO, these signals are individually programmable as input, output, or internally

disconnected.
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19.1.3 Memory Map

Table 19-2. S/PDIF Memory Map

Address |Access Register Name Description giif: VBa:It': C:ISU eet
X:$FFFF60 | R/W | S/PDIFConfig (SCR) S/PDIF Configuration Register 24 |[23:0] | 0x000400
X:$FFFF61 | R/W |CDTEXT_Control (SRCD) CDText Configuration Register 24 | [1] | 0x000000
X:$FFFF62 | R/W |PhaseConfig (SRPC) FreqMeas Configuration Register 24 |[5:0] |0x000000
X:$FFFF63 | R/W |InterruptEn (SIE) Interrupt Enable Register 24 |[23:0]| 0x000000
X:$FFFF64 | R-Stat |InterruptStat/Clear (SIS/SIC) Interrupt Status/Clear Register 24 |[283:0] | 0x000002

W-Clear
X:$FFFF65 R SPDIFRcvLeft (SRL) S/PDIF Receive Data - left channel 24 |[23:0] | 0x000000
X:$FFFF66 R SPDIFRcvRight (SRR) S/PDIF Receive Data - right channel 24 |[23:0] | 0x000000
X:$FFFF67 R SPDIFRcvCChannel_h S/PDIF Receive C channel, bits [47:24] 24 |[23:0] | 0000000
(SRCSH)
X:$FFFF68 R SPDIFRcvCChannel_| (SRCSL) | S/PDIF Receive C channel, bits [23:0] 24 |[23:0] | 0x000000
X:$FFFF69 R UchannelRcv (SQU) S/PDIF Receive U channel 24 |[23:0] | 0x000000
X:$FFFF6A R QchannelRcv (SRQ) S/PDIF Receive Q channel 24 |[23:0] | 0x000000
X:$FFFF6B w SPDIFTxLeft (STL) S/PDIF Transmit Left channel 24 |[23:0] | 0x000000
X:$FFFF6C W SPDIFTxRight (STR) S/PDIF Transmit Right channel 24 |[23:0] | 0x000000
X:$FFFF6D| R/W |SPDIFTxCChannelCons_h S/PDIF Transmit Cons. C channel, 24 |[23:0] | 0x000000
(STCSCH) bits [47:24]
X:$FFFF6E | R/W |SPDIFTxCChannelCons_| S/PDIF Transmit Cons. C channel, 24 |[23:0] | 0x000000
(STCSCL) bits [23:0]
X:$FFFF6F | R/W | SPDIFTxCChannelProf_h S/PDIF Transmit Prof. C channel, 24 |([7:0] |0x000000
(STCSPH) bits [31:24]
X:$FFFF70 | R/W | SPDIFTxCChannelProf_| S/PDIF Transmit Prof. C channel, bits [23:0] | 24 |[23:0] | 0x000000
(STCSPL)

X:$FFFF71 R FregMeas (SRFM) FregMeasurement 24 |[23:0] | 0x000000
X:$FFFF74 | R/W | SPDIFTxCIk (STC) Transmit Clock Control Register 24 |[23:0] | 0x020f00
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19.2 Register Descriptions

19.2.1 S/PDIF Configuration Register (SCR)
Address X:$FFFF60 Access: User Read/Write
23 22 21 20 ’ 19 18 17 16 15 14 13 12
R RcvFifo | RevFifo | RevFifo_ RevEifoFull Sel RcvAuto| TxAuto
w _Ctrl | _Off/On Rst - Sync Sync
Reset 0 0 0 o | o 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 ‘ 3 2 1 0
R
W TxFifo_Ctrl PDIR_Rcv | PDIR_Tx RcvSrc_Sel ValCtrl TxSel USrc_Sel
Reset 0 1 0 0 0 0 0 o | o 0 0 0
Figure 19-3. S/PDIF Configuration Register (SCR)
Table 19-3. S/PDIF Configuration Register (SCR) Fields
Bit Field Description
23 | RevFifo_Cirl 0 Normal operation
1 Always read zero from rcv data register
22 RcvFifo_Off/On |0 S/PDIF Rev FIFO is on
1 S/PDIF Rev FIFO is off. Does not accept data from interface
21 RcvFifo_Rst 0 Normal operation
1 Reset register to 1 sample remaining
20, 19 | RevFifoFull_Sel |00 Full interrupt if at least 1 sample in FIFO
01 Full interrupt if at least 2 sample in FIFO
10 Full interrupt if at least 3 sample in FIFO
11 Full interrupt if at least 6 sample in FIFO
18 | RcvAutoSync 0 Rcev FIFO auto sync off
1 Rcv FIFO auto sync on
17 | TxAutoSync 0 Tx FIFO auto sync off
1 Tx FIFO auto sync on
16-12 | Reserved
11, 10 | TxFifo_Ctrl 00 Send out digital zero on S/PDIF Tx
01 Normal operation
10 Reset to 1 sample remaining
11 Reserved
9 PDIR_Rcv DMA Receive Request (PDIR1 FIFO full)
8 PDIR_TX DMA Transmit Request (Transmit FIFO empty)
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Table 19-3. S/PDIF Configuration Register (SCR) Fields (continued)

Bit Field Description

Rcv Source Select
00 S/PDIFin 1
01 S/PDIFin2
10 S/PDIF in 3
11 S/PDIF in 4

7,6 | RcvSrc_Sel

5 ValCtrl 0 Outgoing Validity always set

1 Outgoing Validity always clear

000
001
010
011
100
101

4,3,2 | TxSel Off and output 0

Feed-through SPDIFIN1
Feed-through SPDIFIN2
Feed-through SPDIFIN3
Feed-through SPDIFIN4

Normal operation

U Channel Source Select

00 No embedded U channel

01 U channel from S/PDIF receive block (CD mode)
10 Reserved

11 U channel from on chip transmitter

1,0 |USrc_Sel

19.2.2 CDText Control Register (SRCD)

Address X:$FFFF61 Access: User Read/Write

20 ‘ 19 18 17 16 ‘

23 22 21 15 14 13 12
R 9'b0
w
Reset 0 0 0 o | o 0 0 o | o 0 0 0
11 10 9 8 7 6 5 4 ‘ 3 2 1 0
R 5'b0
USyncMode
w
Reset 0 0 0 0 0 0 0 0 \ 0 0 0 0
Figure 19-4. CDText Control Register (SRCD)
Table 19-4. CDText Control Register (SRCD) Field Descriptions
Bit Field Description
23-2 Reserved Bits 23—15 and 7-3 return zeros when read.
1 USyncMode 0 Non-CD data
1 CD user channel subcode
0 Reserved
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19.2.3 PhaseConfig Register (SRPC)

Address X:$FFFF62 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R 12’b0
w | | | | | | | | |
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0
R| 1b0 LOCK 3’b0
w ClkSrc_Sel GainSel ‘ |
Reset 0 0 0 0 \ 0 0 0 0 \ 0 0 0 0

Figure 19-5. PhaseConfig Register (SRPC)

Table 19-5. PhaseConfig Register (SRPC) Field Descriptions

Bit Field Description
23-11 Reserved Return zeros when read
10-7 ClkSrc_Sel Clock source selection:

0000 if (DPLL Locked) SPDIF_RcvClk else EXTAL
0001 if (DPLL Locked) SPDIF_RcvClk else HCKT
0010 if (DPLL Locked) SPDIF_RcvClk else HCKT1
0011 if (DPLL Locked) SPDIF_RcvClk else HCKT2
0100 if (DPLL Locked) SPDIF_RcvClk else HCKT3
0101 EXTAL

0110 HCKT

0111 HCKT1

1000 HCKT2

1001 HCKT3

Others: Reserved

6 LOCK LOCK bit to show that the internal DPLL is locked, read only

5,4,3 GainSel Gain selection:
000 24*210
001 16*210
010 12*210
011 8*210
100 6*210
101 4*210
110 3*210

2-0 Reserved Return zeros when read.

19.2.4 Interrupt Registers (SIE, SIS, SIC)

The interrupt registers include InterruptEn, InterruptStat, and InterruptClear:
* The InterruptEn register (SIE) provides control over the enabling of interrupts.
* The InterruptStat register (SIS) is a read-only register that provides status on interrupt operations.
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Address X:$FFFF63

The InterruptClear register (SIC) is a write-only register that is used to clear interrupts.

Access: User Read/Write

23 22 21 20 19 18 17 16 15 14 13 12
R| 1'b0
W Lock TxUnOv | TxResyn | CNew |ValNoGood| SymErr BitErr
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W URxFul | URxOv | QRxFul | QRxOv | UQSync | UQErr | PdirUnOv |PdirResyn| LockLoss | TxEm PdirFul
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 19-6. InterruptEn Register (SIE)
Address X:$FFFF64 Access: User Read
23 22 21 20 19 18 17 16 15 14 13 12
R 3'b0 Lock | TxUnOv | TxResyn| CNew |ValNoGood| SymErr BitErr 2'b0
w | |
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R| 1’60 | URxFul | URxOv | QRxFul | QRxOv | UQSync | UQErr | PdirUnOv | PdirResyn |LockLoss| TxEm | PdirFul
w
Reset 0 0 0 0 0 0 0 0 0 0 1 0
Figure 19-7. InterruptStat Register (SIS)
Address X:$FFFF64 Access: User Write
23 22 21 20 19 18 17 16 15 14 13 12
R 3'b0
w | | Lock | TXUnOv | TxResyn| CNew |ValNoGood| SymErr | BitErr
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
w URxOv QRxOv | UQSync | UQErr | PdirUnOv | PdirResyn |LockLoss
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 19-8. InterruptClear Register (SIC)
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Table 19-6. Interrupt Register Field Descriptions

Bit Field Description
23-21 Reserved For InterruptStat/Clear, return zeros when read.

For InterruptEn, bit 23 also reads zero.

20 Lock S/PDIF receiver's DPLL is locked.

19 TxUnOv S/PDIF transmit FIFO is under/overrun.

18 TxResyn S/PDIF transmit FIFO resync.

17 CNew S/PDIF receive change in value of control channel.

16 ValNoGood S/PDIF validity flag is no good.

15 SymErr S/PDIF receiver found illegal symbol.

14 BitErr S/PDIF receiver found parity bit error.

13-11 Reserved Return zeros when read.

10 URxFul UChannel receive register is full.
The URxFul bit can’t be cleared using the IntClear register.
To clear the URxFul bit, read from U RCV register.

9 URxOv UChannel receive register is overrun.

8 QRxFul QChannel receive register is full.
The QRxFul bit can’t be cleared using the IntClear register.
To clear the QRxFul bit, read from the Q RCV register.

7 QRxOv QChannel receive register is overrun.

6 uQSync U/Q Channel sync is found.

5 UQErr U/Q Channel framing error.

4 PdirUnOv Processor data input underrun/overrun occurred.

3 PdirResyn Processor data input resync.

2 LockLoss S/PDIF receiver loss of lock has occurred.

1 TxEm S/PDIF transmit FIFO is empty.
The TxEm bit can’t be cleared using the IntClear register.
To clear the TXEm bit, write to the TX fifo.

0 PdirFul Processor data input is full.
The PdirFul bit can’t be cleared using the IntClear register.
To clear the PdirFul bit, read from the PDIR FIFO.

19.2.5 S/PDIF Reception Registers

The S/PDIF reception registers include:

* Audio data reception registers: SPDIFRcvLeft (SRL), SPDIFRcvRight (SRR)
* Channel status reception registers: SPDIFRxCChannel_h (SRCSH), SPDIFRxCChannel_l

(SRCSL)

» User bits reception registers: UchannelRcv (SRU), QchannelRev (SRQ)
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Address X:$FFFF65 Access: User Read
23 22 21 20‘19 18 17 16‘15 14 13 12‘11 10 9

8‘7 6 5 4‘3 2 1 0
RcvDataleft

R
w

Resetoooo\oooo\oooo\ooo

o/o 0 0 0/0 0 0 O
Figure 19-9. SPDIFRcvLeft Register (SRL)

Table 19-7. SPDIFRcvLeft Register (SRL) Fields

Bit Field Description

23-0 RcvDataleft | Processor receives S/PDIF data left.

Address X:$FFFF66 Access: User Read
23 22 21 20‘19 18 17 16‘15 14 13 12‘11 10 9

8 ‘ 7 6 5 4 ‘ 3 2 1 0
RcvDataRight

Resetoooo\oooo\oooo\oooo\oooo\oooo

Figure 19-10. SPDIFRcvRight Register (SRR)

Table 19-8. SPDIFRcvRight Register (SRR) Fields

Bit Field Description

23-0 RcvDataRight | Processor receives S/PDIF data right.

Address X:$FFFF67 Access: User Read

23 22 21 20 ‘ 19 18 17 16 ‘ 15 14 13 12 ‘ 11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0

R RxCChannel_h

W
Reset 0 0 O o\o 0 0 o\o 0 0 o\o

0 0 0/0 0 0 0/0 0 0 O
Figure 19-11. SPDIFRxCChannel_h Register (SRCSH)

Table 19-9. SPDIFRxCChannel_h Register (SRCSH) Fields

Bit Field Description

23-0 RxCChannel_h | S/PDIF receive C channel register
Contains the first 24 bits of C channel without interpretation.
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X:$FFFF68 Access: User Read

23 22 21 20 ‘ 19 18 17 16 ‘ 15 14 13 12 ‘ 11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0

R RxCChannel_|
W
Resst 0 0 0 0/0 0 0 0[0 0 0O 0[0 0 0O 0[/0 0O 0 0/0 O 0 0
Figure 19-12. SPDIFRxCChannel_l Register (SRCSL)
Table 19-10. SPDIFRxCChannel_| Register (SRCSL) Fields
Bit Field Description
23-0 RxCChannel_| | S/PDIF receive C channel register
Contains the next 24 bits of C channel without interpretation.

Address X:$FFFF69

Access: User Read
23 22 21 20‘19 18 17 16‘15 14 13 12‘11 10 9 8‘7 6 5 4‘3 2 1 0

R RxUChannel

w
Reset 0 0 0 0/0 0O 0 0/0 0O 0 0[O0 0 0 0[O0 0 0 0[O0 O 0 ©

Figure 19-13. S/PDIF UchannelRcv Register (SRU)
Table 19-11. S/PDIF UchannelRcv Register (SRU) Fields
Bit Field Description
23-0 RxUChannel | S/PDIF receive U channel register
Contains the next 3 U channel bytes.

Address X:$FFFF6A

Access: User Read

23 22 21 20 ‘ 19 18 17 16 ‘ 15 14 13 12 ‘ 11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0

R RxQChannel
w
Resst 0 0 0 0/0 0 0 0[O0 0 0 0[0 0 0 0[/0 0 0 0/0 0O 0 O
Figure 19-14. S/PDIF QchannelRcv Register (SRQ)
Table 19-12. S/PDIF QchannelRcv Register (SRQ) Fields
Bit Field Description
23-0 RxQChannel |S/PDIF receive Q channel register
Contains the next 3 Q channel bytes.
19.2.6

S/PDIF Transmission Registers

S/PDIF transmission registers include:

Audio data transmission registers: SPDIFTxLeft (STL), SPDIFTxRight (STR)
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* Channel status transmission registers: SPDIFTxCChannelCons_h (STCSCH),

SPDIFTxCChannelCons_l (STCSCL), SPDIFTxCChannelProf_h (STCSPH),
SPDIFTxCChannelProf_1 (STCSPL)

Address X:$FFFF6B Access: User Write

111098‘7654‘3210
R 24'b0
W TxDataleft
Resst 0 0 0 0/0 0 0 0[O0 0 0 0[/0 0 0 0[O0 0 0 0/0 0 0 O

Figure 19-15. SPDIFTxLeft Register (STL)

23 22 21 20‘19 18 17 16‘15 14 13 12

Table 19-13. SPDIFTxLeft Register (STL) Fields

Bit Field Description

23-0 TxDatalLeft |S/PDIF transmit left channel data
It is write-only, and always returns zeros when read.

Address X:$FFFF6C Access: User Write

R 24’b0
w TxDataRight
Resetoooo\oooo\oooo\oooo\oooo\oooo

Figure 19-16. SPDIFTxRight Register (STR)

Table 19-14. SPDIFTxRight Register (STR) Fields

Bit Field Description

23-0 TxDataRight | S/PDIF transmit right channel data
It is write-only, and always returns zeros when read.

Address X:$FFFF6D Access: User Read/Write

23 22 21 20 ‘ 19 18 17 16 ‘ 15 14 13 12 ‘ 11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0

R
w TxCChannelCons_h
Resetoooo\oooo\oooo\oooo\oooo\oooo

Figure 19-17. SPDIFTxCChannelCons_h Register (STCSCH)

Table 19-15. SPDIFTxCChannelCons_h Register (STCSCH) Fields

Bit Field Description

23-0 TxCChannelCons_h | S/PDIF Transmit Cons. C channel data
Contains first 24 bits without interpretation.
When read, it returns the latest data written by the processor.
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Address X:$FFFF6E Access: User Read/Write

23 22 21 20 ‘ 19 18 17 16 ‘ 15 14 13 12 ‘ 11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0

R
W TxCChannelCons_|

Resetoooo\oooo\oooo\oooo\oooo\oooo
Figure 19-18. SPDIFTxCChannelCons_| Register (STCSCL) Register

Table 19-16. SPDIFTxCChannelCons_| Register (STCSCL) Fields

Bit Field Description

23-0 TxCChannelCons_| | S/PDIF transmit consumer C channel data
Contains the next 24 bits without interpretation.
When read, it returns the latest data written by the processor.

Address X:$FFFF6F Access: User Read/Write

23 2 21 20,19 18 17 16|15 14 13 12 |11 10 9 8 7 6 5 4 ‘ 3 2 1 0

R

W TxCChannelProf_h
ResetOOOOOOOOOOOOOOOOOOOO‘OOOO

Figure 19-19. SPDIFTxChannelProf_h Register (STCSPH)

Table 19-17. SPDIFTxChannelProf_h Register (STCSPH) Fields

Bit Field Description

23-8 Reserved Returns zeros when read.

7-0 TxCChannelProf_h | S/PDIF transmit professional C channel data
Contains the first 8 bits without interpretation.
When read, it returns the latest data written by the processor.

Address X:$FFFF70 Access: User Read/Write

23 22 21 20 ‘ 19 18 17 16 ‘ 15 14 13 12 ‘ 11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0

R
w TxCChannelProf_|
Resetoooo\oooo\oooo\oooo\oooo\oooo

Figure 19-20. SPDIFTxCChannelProf_| Register (STCSPL)

Table 19-18. SPDIFTxCChannelProf_| Register (STCSPL) Fields

Bit Field Description

23-0 | TxCChannelProf_I | S/PDIF transmit Prof. C channel data
Contains the next 24 bits without interpretation.
When read, it returns the latest data written by the processor.
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19.2.7 S/PDIF FreqMeas Register (SRFM)

Address X:$FFFF71 Access: User read
23 22 21 20‘19 18 17 16‘15 14 13 12‘11 10 9 8‘7 6 5 4‘3 2 1 0
R FreqMeas
W

Resetoooo\oooo\oooo\oooo\oooo\oooo
Figure 19-21. S/PDIF FreqMeas Register (SRFM)

Table 19-19. S/PDIF FreqMeas Register (SRFM) Fields

Bit Field Description

23-0 FreqMeas | Frequency measurement

19.2.8 SPDIFTxCIk Register (STC)

The SPDIFTxCIk Control register includes the means to select the transmit clock and frequency division.

Address X:$FFFF74 Access: User Read/Write

2322212019181716‘15141312‘1110987654‘3210

R 4'b0
w ‘ ‘ ‘ SYSCLK_DF TxClk_Source TxClk_DF

Resetoooooo1o\oooo\11110000\0000
Figure 19-22. SPDIFTxCIlk Register (STC)

Table 19-20. SPDIFTxCIk Register (STC) Fields

Bit Field Description

23-20 |Reserved Return zeros when read.

19-11 | SYSCLK_DF |System Clock Divider Factor, 2-512.
9d0 no clock signal
9'd1  divider factor is 2

9'd511 divider factor is 512

10-8 | TxClk_Source |000 EXTAL input, 001: HCKT input,

010 HCKT1 input

011 HCKT2 input

100 HCKT3

101 Frequency divided system clock input

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 19-20. SPDIFTxCIlk Register (STC) Fields (continued)

Bit Field Description

7 Reserved Returns zero when read.

6-0 TxClk_DF Divider factor (1-128)
4'd0 divider factor is 1
4’d1 divider factor is 2

4’d127 divider factor is 128

19.3 S/PDIF Receiver

The S/PDIF receiver extracts the audio data from each S/PDIF frame and places the data in a 6-deep FIFO.
The channel status and user bits are also extracted from each frame and placed in corresponding registers.
The S/PDIF receiver also provides a bypass option for direct transfer of the S/PDIF input signal to the
S/PDIF transmitter.

The S/PDIF receiver handles the main data audio stream and recovers the bit clock from the S/PDIF input
signal. The sample rate can be determined from the frequency measuring block. Additionally, the receiver
supports the S/PDIF C and U channels. The S/PDIF C and U channel data is interfaced directly to
memory-mapped registers. The input data is sent via a 6-deep FIFO to the memory-mapped data registers.
All the data registers are controlled by the Interrupt Control Block and transferred to the memory-mapped
IP bus.

The following functions are performed by the S/PDIF receiver:
* Audio Data Reception— see Section 19.3.1, “Audio Data Reception”
* Channel Status bits Reception— see Section 19.3.2, “Channel Status Reception”
* User Channel bits Reception— see Section 19.3.3, “User Bit Reception”
* Validity Flag Reception— see Section 19.3.4, “Validity Flag Reception”
* S/PDIF Receiver Exception support— see Section 19.3.5, “S/PDIF Receiver Interrupt Exception
Definition”
* S/PDIF Lock Detection

19.3.1 Audio Data Reception

The S/PDIF Receiver block extracts the audio data from the IEC958 stream, and outputs this via a 6-deep
FIFO to the memory-mapped registers SPDIFRcvLeft and SPDIFRcvRight. Data from the S/PDIF
receiver is buffered in the receive FIFO, and can be read by any DSP Core from the memory-mapped
registers.

a) S/PDIF Receiver Data Registers - Behavior on Overrun and Underrun

The S/PDIF Data Receive registers (SPDIFRcvLeft and SPDIFRcvRight) have different FIFOs
for the left and right channels. As a result, there is always the possibility that the left and right
FIFOs may go out of sync due to FIFO underruns and overruns that affect only one part (left or
right) of any FIFO. To prevent this from happening, two mechanisms to prevent mismatch
between the FIFOs are available:

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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— If a S/PDIF Data Receive FIFO overrun occurs on, for example, the right half of the FIFO,
the sample that caused the overrun is not written to the right half of the FIFO (due to

overrun). Special hardware will make sure the next sample is not written to the left half of
the FIFO.

— If the overrun occurs on the left half of the FIFO, the next sample is not written to the right
half of the FIFO.

b) S/PDIF Receiver Data Registers - Automatic Resynchronization of FIFOs

An automatic FIFO resynchronization feature is available, which can be enabled and disabled
separately for every FIFO. If the automatic FIFO resynchronization feature is enabled, the
hardware will check if the left and right FIFO are in sync— if the left and right FIFO are not
in sync, it will set the filling pointer of the right FIFO to be equal to the filling pointer of the
left FIFO.

Figure 19-23. FIFO Auto-Resync Controller State Machine

STANDBY

The operation can be explained from the state diagram in Figure 19-23. Every FIFO
auto-resync controller has a state machine with 3 states: OFF, STANDBY and ON. In the ON
state, the filling of the left FIFO is compared with the filling of right FIFO, and if they are not
equal, the right FIFO is made equal to the left FIFO, and an interrupt is generated.

The controller will stay in the OFF state when the automatic FIFO resynchronization feature is
disabled. When the automatic FIFO resynchronization feature is not disabled, the state machine
will go to the OFF state on any DSP Core read or write to the FIFO. The controller will go from
ON or OFF to STANDBY on any left sample read from the S/PDIF Tx FIFOs, or on any left

sample write to the S/PDIF Rcv FIFOs. The controller will go from STANDBY to ON on any
right sample read from the S/PDIF Tx FIFO, or on any right sample write to the S/PDIF Rcv

FIFO. There is a control bit in the SPDIFConfig register to enable/disable the automatic FIFO
resynchronization feature for the S/PDIF Rcv FIFO and S/PDIF Tx FIFO.

NOTE

The automatic FIFO resynchronization feature can be switched on, and will
avoid all mismatches between left and right FIFOs, if the software obeys the
following rules:

*  When the left data is read or written to the left FIFO, in the same place
of the program, data must be read or written to the right FIFO.
Maximum time difference between left and right operations is 1/2
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sample clock. (For example, if the sample frequency is 44 KHz, the
maximum time difference between left and right operations is
approximately 10 microseconds. For 88 Khz, the maximum time
difference between left and right operations is approximately
5 microseconds.)
* Write/read data to FIFOs must be at least 2 samples. If there is a
mismatch between Left and Right FIFOs, the resync logic may go on
only one sample clock after the last data is read or written to the FIFO.
Also acceptable is polling the FIFO, if at least part of the time 2 samples
will be read/written to it.
¢) S/PDIF Receiver — Additional Features
There are three exceptions associated with the S/PDIF Receivers FIFOs
— full
— under/overrun
— resync
When the “full” condition is set for DSP Core data input registers, the DSP Core should read
data from the FIFO before overrun occurs. When “full” is set and the FIFO contains for
example 6 samples, it is acceptable for the software:
— to read the first 6 samples from the LEFT address, followed by 6 samples from the RIGHT
address,

— or to read 6 samples from the RIGHT address, followed by 6 samples from the LEFT
address,

— or toread 1 sample LEFT, followed by 1 sample RIGHT repeated 6 times.
There is no order specified.

The implementation for SPDIFRcv is a double FIFO, with one FIFO for left and one FIFO for
right. “Full” is set when both FIFOs are full. “Underrun” and “overrun” are set when one of the
FIFOs are underrun or overrun. The resync interrupt occurs when the hardware has to take
special action to resynchronize the left and right FIFOs.

The FIFO level (at which the “full” interrupt is generated) is programmable via the Full Select
field in the SPDIFConfig register.

d) Rcv FIFO On and Rev FIFO Reset

Two additional control fields of the S/PDIF Rcv Fifo are the On/Off Select and FIFO Reset
fields. If On/Off Select is set to Off, all zero will be read from the FIFO, regardless of the data
that was received over the S/PDIF interface.

If FIFO Reset is set, the FIFO is blocked at “1 sample in FIFO.” In this situation, the full
interrupt will be On if FullSelect is set to “00”. If FullSelect is set to any other value, interrupt
will be Off. The other interrupts are always Off.
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19.3.2 Channel Status Reception

A total of 48 channel status bits are received in two registers. No interpretation is performed by the S/PDIF
receiver module. Channel Status Bits are ordered first bit left. CS-channel MSB bit “0” is located in bit
position 23 in the memory-mapped register SPDIFRxCChannel_h. CS-channel bit “23” is considered bit 0
in the register. C-channel bits 24—47 is seen as MSB-LSB bits of register SPDIFRxCChannel_l.

When the value of a new S/PDIF “CS” channel status frame is loaded in the register, a new interrupt is
generated. The interrupt is cleared when the DSP Core writes the corresponding bit in the InterruptStat

register.

19.3.3 User Bit Reception

There are two modes for User Channel reception, CD and non-CD, which is selected using the
USyncMode bit (bit 1 of the CDText Control register).

a) Behavior of User Channel receive interface on incoming CD User Channel Sub-code in

S/PDIF receiver

This mode is selected if UsyncMode, bit 1 in the CDText control register is set to “1””. The CD
subcode stream embedded into the S/PDIF User channel consists of a sequence of packets.
Every packet is made up of 98 symbols. The first two symbols of every packet are “sync
symbols”, while the other 96 symbols are “data symbols.”

Any sequence found in the S/PDIF U-channel stream starting with a leading “1”, followed by
7 information bits, is recognized as a “data symbol.” Subsequent data symbols are separated by
“pauses.” During the “pause,” “zero bits” are seen on the S/PDIF U-channel.

Data symbols come in MSB first. The MSB is the leading “1”.

When a “long pause” is seen between two subsequent “data symbols,” the S/PDIF receiver will
assume the reception of one or more “sync symbols.” See Table 19-21.

Table 19-21. Sync Control Bits

Number of Corresponding Number of
u Chan_nel Sync Symbols
zero bits
0-1 Unpredictable, not allowed
2-10 0
11-22 1
23-34 2
35-46 3
>45 Unpredictable, not allowed

The recognition of the number of sync symbols is derived from the fact that the U-channel
transmitter in the CD channel decoder will transmit one symbol on average every 12 S/PDIF
channel bits. At this average rate, there is a tolerance of maximum 5%.
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The S/PDIF receiver is tolerant of symbol errors. Due to the physical nature of the transmission
of the data over the CD disc, not more than 1 out of any 5 consecutive user channel symbols
may be in error. The error may cause a change in data value, which is not treated by this
interface, or it may cause a data symbol to be seen as a sync symbol, or cause a sync symbol to
be seen as a data symbol. However, not more than 1 out of any 5 consecutive user channel
symbols should be affected in this way.

The S/PDIF user channel circuitry recognizes the 98-symbol packet structure, and sends the
96-symbol payload to the DSP Core application. The 96-symbol payload is transmitted to the
DSP through two registers:

— The UchannelRcyv register
In the S/PDIF UchannelRcv register, data is presented 3 symbols at a time to the DSP Core.
Every time 3 new valid symbols are received on the S/PDIF U-Channel, the
UChannelRcvFull interrupt is asserted. For one 98-symbol packet, 96 symbols are carried
across the S/PDIF UchannelRcv register. To transfer all of this data, 32 UChannelRcvFull
interrupts are generated.

— The QChannelRcv register

In the QChannelRcv register, only the Q-bit of the packet is accumulated. The operation of
the QChannelRcv register is similar to the UchannelRcv register. Because only the Q-bit is
transferred, only 96 Q-bits are transferred for any 98-symbol packet. To transfer this data, 4
QChannelRcvFull interrupts are generated. When a QChannelRcvFull interrupt occurs, it is
coincident with a UChannelRcvFull interrupt. There is only one QChannelRcvFull interrupt
for every 8 UChannelRcvFull interrupts. The convention is that the most significant data is
transmitted first, and is left-aligned in the registers.

Timing regarding the packet boundary is extracted by hardware. The last UChannelRcvFull
interrupt corresponding to a given packet should be coincident with the last
QChannelRcvFull interrupt. In this last U, Q channel interrupt, symbols 95-98 and
Q-channel bits 67-98 are received. The interrupts are coincident with UQSyncFound,
flagging the last symbols of the current frame.

When the start of the new packet is found before the current packet is complete (less than
98 symbols in the packet), the UQFrameError interrupt is set. The application software
should read the UchannelRcv and QchannelRcv registers, discard the values, and assume the
start of a new packet.

As already said, packet sync extraction is tolerant for single-symbol errors. Packet sync
detection is based on the recognition of the sequence data-sync-sync-data in the symbol
stream, because this is the only syncing sequence that is not affected by single errors. If the
sync symbols are not found 98 symbols after the previous occurrence, it is assumed to be
destroyed by channel error, and a new sync symbols is interpolated.

Normally, only data bytes are passed to the application software. Every databyte will have
its most significant bit set. If sync symbols are passed to the application software, they are
seen as all-zero symbols. Sync symbols can only end up in the data stream due to channel
error.
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b) Behavior of the user channel receive interface on incoming non-CD data

This mode is selected if the UsyncMode bit (bit 1 in CD Text control register) is set to “0”.

In non-CD mode, the S/PDIF User channel stream is recognized as a sequence of “data
symbols.” No packet recognition is done. Any sequence found in the S/PDIF U-channel stream
starting with a leading “1”, followed by 7 information bits, is recognized as a “data symbol.”

Subsequent data symbols are separated by “pauses.” During the “pause,” “zero bits” are seen
on the S/PDIF U-channel.

Three consecutive data symbols seen in the S/PDIF U-Channel stream are grouped together
into the UchannelRcyv register. The first symbol is left-aligned; the last symbol is right-aligned.
When the UchannelRcv register contains 3 new data symbols, the UChannelRcvFull interrupt
is asserted.

In this mode, the operation of QchannelRcv and associated interrupt QchannelRcvFull is
“Reserved, Undefined.” Also “Reserved, Undefined” is the operation of UQFrameError and
UQSyncFound.

The U-channel is extracted, and output by the S/PDIF Rcv block on
SPDIFRcvUChannel-Stream.

When an incoming S/PDIF data parity error or bit error is detected, and if the next S/PDIF word
for that channel is error-free, the S/PDIF word in error is replaced with the average of the
previous word and next word. When an incoming S/PDIF data parity error or bit error is
detected, and the next S/PDIF word is in error, the previous S/PDIF word is repeated.

19.3.4 Validity Flag Reception

An interrupt is associated with the Validity flag (interrupt 16—SPDIFValNoGood). This interrupt is set
every time a frame is seen on the S/PDIF interface with the validity bit set to “invalid”.
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19.3.5 S/PDIF Receiver Interrupt Exception Definition

There are several S/PDIF exceptions that will trigger an interrupt. See Table 19-22.

Table 19-22. S/PDIF Receiver Interrupt Exceptions

S/PDIF Exception

Description

RcvChannelNew

Set when the SPDIFRcvCChannel_h and SPDIFRcvCCHannel_| registers are updated. The
SPDIFRcvCChannel_h and SPDIFRcvCCHannel_l registers are updated for every new C-Channel
received. The Control Status channel change exception is reset on a write to the InterruptClear register.

RevlllegalSymbol

Set on reception of an illegal symbol during S/PDIF receive. Reset by writing to the InterruptClear
; 1
register.

RcvParityError Set on reception of bit error. (Parity bit does not match). Reset on write to the InterruptClear register.
Rcev FIFO Full Set when the S/PDIF receive data FIFO is full.

Rx Over/Under Set when there is an overrun/underrun on the S/PDIF receive data FIFO.

Rx Resync Set when a resynchronization event occurs on the S/PDIF receive data FIFO.

RxUChannelFull Set when the next 24 bits of U channel code are available.

RxQChannelOver Set when the Q channel buffer is overrun.

RxUChannelOver Set when the U channel buffer is overrun.

RxQChannelFull Set when the next 24 bits of Q channel code are available.

RxUQSyncFound Set when the UQ channel sync is found.

RxUQFrameError Set when a UQ frame error is found.

' The S/PDIF input is a biphase/mark modulated signal. The time between any two successive transitions of the S/PDIF signal
is always 1, 2 or 3 S/PDIF symbol periods long. The S/PDIF receiver will parse the stream, and split it in so-called symbols. It
recognizes s1, s2 and s3 symbols, depending on the length of the symbols. Not all sequences of these symbols are allowed.
For example, a sequence s2-s1-s1-s1-s2 cannot occur in a no-error S/PDIF signal. If the receiver finds such an illegal
sequence, the illegal symbol interrupt is set. No corrective action is undertaken. When the interrupt occurs, this means that
(a) The S/PDIF signal is destroyed by noise.

(b) The S/PDIF frequency changed.
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19.3.6 Standards Compliance

The S/PDIF interface is compatible with the Tech 3250-E standard of the European Broadcasting Union,
except for clause 6.3.3 and the IEC958-3 Ed2 for relevant topics. The supported input frequency range is
12 KHz up to 96 KHz (fully compliant) and 96 KHz up to 176 KHz. (It can interface with a compliant
S/PDIF transmitter within the same cabinet, making reasonable assumptions on jitter added due to
interconnecting wire.)

Tolerated jitter on S/PDIF input signals are 0.25 bit peak-to-peak for high frequencies. There is no jitter
limit for low frequencies. The user channel extraction in CD mode can cope with single-symbol errors, and
still retrieve U-channel frames on correct boundaries. This capability is required for reliable reception of
CD-Text from some Philips CD channel decoders. This capability was deemed more important than
compliance with the IEC958 annex A.3 standard, and for this reason user channel reception is not
compliant with IEC958 annex A.3. However, the S/PDIF interface can receive a U channel inserted by a
typical CD channel decoder. Also, in this case, it is more robust and tolerant for channel errors than what
is required by IEC958 annex A.3.

19.3.7 S/PDIF PLOCK Detection and Rxclk Output

Using the high speed system clock, the internal DPLL can extract the bit clock (advanced pulse) from the
input bitstream. When this internal DPLL is locked, the LOCK bit of PhaseConfig Register will be set, and
the S/PDIF Lock output pin “SPLOCK” will be asserted.

After DPLL has locked, the pulses are generated, and the average pulse rate is 128 x “the sampling
frequency.” (For a 44.1 Khz input sampling frequency, the average pulse rate = 128 x 44.1 Khz.) The pulse
signal is used in the FreqMeas circuit to generate the frequency measurement result.

19.3.8 Measuring the Frequency of SPDIF_RcvClk

The internal DPLL can extract the bit clock (advanced plus) from the input bitstream. To do that, it is
necessary to measure the frequency of the incoming signal in relationship with the system clock
(BUS_CLK).

Associated with it are two registers, PhaseConfig and FreqMeas. The circuit will measure the frequency
of the incoming clock as a function of the BUS_CLK. The circuit is a second-order filter. The output is a
value represented by an unsigned number stored in the 24-bit FreqMeas register, giving the frequency of
the source as a function of the BUS_CLK.

FreqMeas[23:0] = FreqMeas_CLK / BUS_CLK * 2!Y * GAIN.

For example, if the GAIN is selected as g#210 (PhaseConfig[5:3] = 3’b011), the actual result
FreqMeas_CLK / BUS_CLK is equal to FreqMeas[23:0] / 223.

19.4 S/PDIF Transmitter

Audio data for the S/PDIF transmitter is provided by the DSP Core via the SPDIFTxLeft and
SPDIFTxRight registers. Clocking for S/PDIF transmitter is from either the Extal pin, HCTK and
HCKTI1_3 pin of ESAIO_3, or system clock. A multiplexer is used to choose the clock source. The S/PDIF
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transmitter clock source can be divided down as needed using Txclk_DF. The S/PDIF transmitter output
can be chosen from either the S/PDIF transmitter block, directly from the S/PDIF receiver (via the output
multiplexer), or disabled.

The S/PDIF transmitter generates a S/PDIF output bitstream in IEC958 biphase mark format, consisting
of audio data, channel status and user bits.

19.4.1

Audio Data Transmission

Audio data for the S/PDIF transmitter is provided by the processor via the SPDIFTxLeft and
SPDIFTxRight registers. They send audio data to the left and right TX FIFOs. The Tx FIFOs are 6-deep
and 24-bits wide (equal to the audio data width).

a)

b)

)

S/PDIF Transmitter Data Registers—Behavior on Overrun, Underrun

The S/PDIF Data Transmit registers (SPDIFTxLeft and SPDIFTxRight) have different FIFOs
for the left and right channels. As a result, there is always the possibility that the left and right
FIFOs may go out of sync due to FIFO underruns and overruns that affect only one part (left or
right) of any FIFO. To prevent this from happening, there are two mechanisms to prevent
mismatch between the FIFOs.

If the S/PDIF Tx FIFO underruns, for example on the right half of the FIFO, no sample leaves
that FIFO (because it was already empty). Special hardware will make sure that the next sample
read from the left FIFO will not leave the FIFO (no read strobe will be generated). If the
underrun occurs on the left half of the FIFO, then the next read strobe to the right FIFO is
blocked.

S/PDIF Transmitter Data Registers—Automatic Resynchronization of FIFOs

See b) in Section 19.3.1, “Audio Data Reception.”

SPDIFTxLeft and SPDIFTxRight Details

Three exceptions are associated with the S/PDIF Tx FIFOs:

— Empty

— Under/Overrun

— Resync

When the Empty condition is set for the DSP Core data output registers, the DSP Core should

write data to the FIFO, before underrun occurs. For example, when Empty is set and 6 samples
need to be written, it is acceptable for the software

— to write the first 6 samples from the LEFT address, followed by 6 samples from the RIGHT
address,

— orto write 1 sample from the LEFT address, followed by 1 sample from the RIGHT address
repeated 6 times.

The LEFT address should be written before the RIGHT address. The implementation of all data

out FIFOs is a double FIFO, one FIFO for the left and one FIFO for the right. Empty is set when

both FIFOs are empty. Underrun and Overrun are set when one of the FIFOs are underrun or

overrun. Resync is set when the hardware resynchronizes left and right FIFOs.
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On receiving an Underrun or Overrun interrupt, the synchronization between Left and Right
words in the FIFOs may be lost. Synchronization will not be lost when the Underrun or Overrun
comes from the IEC958 side of the FIFO. If the processor reads or writes more data from the
left than from the right (for example), synchronization will be lost. If automatic
resynchronization is enabled, and if the software obeys the rules to let this work,
resynchronization will be automatic.

19.4.2 Channel Status Transmission

A total of 48 Consumer channel status bits are transmitted from two registers. Channel Status Bits are
ordered first bit left. CS-channel MSB bit “0” is located in bit position 23 in the memory-mapped register
SPDIFTxCChannelCons_h. CS-channel bit “23” is considered bit O in the register. C-channel bits 24—47
are seen as MSB-LSB bits of register SPDIFTxCChannelCons_l.

A total of 32 Professional channel status bits are transmitted from one register. Channel Status Bits are
ordered first bit left. CS-channel MSB bit “0” is located in bit position 7 in the memory-mapped register
SPDIFTxCChannelProf_h. CS-channel bit “7” is considered bit O in the register. C-channel bits 8-31 are
seen as MSB-LSB bits of register SPDIFTxCChannelProf_l.

19.4.3 Validity Flag Transmission
The validity bit setting is selected using bit 5 of the SPDIFConfig register.
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Chapter 20
Asynchronous Sample Rate Converter

20.1 Introduction

Figure 20-1 shows how the ASRC module connects to other modules.

S/PDIF
3
@ SS/PDIFPDIF Tx
©
E S/PDIF Rx Clock
o
)
< —>
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Figure 20-1. ASRC Connections

Figure 20-2 shows the ASRC block diagram.
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Figure 20-2. ASRC Block Diagram

20.1.1 Overview

The incoming audio data to the DSP56720/DSP56721 device may be received from various sources at
different sampling rates. Also, the outgoing audio data of DSP56720/DSP56721 may have different
sampling rates, and the outgoing audio data can also be associated with output clocks that are
asynchronous to the input clocks.

The Asynchronous Sample Rate Converter (ASRC) converts the sampling rate of a signal (associated with
an input clock) into a signal associated to a different output clock. The ASRC supports concurrent sample
rate conversion of up to 10 channels at about -120 dB THD+N. The sample rate conversion of each channel
is associated to a pair of incoming and outgoing sampling rates. The ASRC supports up to 3 sampling rate
pairs.

The ASRC is hard-coded implemented, as a co-processor, and requires minimal CPU intervention.
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20.1.2 Features

Table 20-1. ASRC Specifications

Parameters Test Conditions Min Typical Max Unit
Channels Supported - 2 2*n 10 -
Pairs of Rate Conversion - 1 - 3 -
THD+N 120 MHz < Fmaster < 160 MHz -120 dB
Dynamic Range - - 144 dB
Settling Time - - 40 ms
Comment: - - - - -

Other features include:

Each pair supports 2, 4, 6, 8, or 10 channels

Designed for rate conversion between 32 kHz, 44.1 kHz, 48 kHz, 64 kHz, 88.2 kHz, 96 kHz,
128 kHz and 192 kHz. The useful signal bandwidth is below 24 kHz

Other sampling rates in the range of 30 kHz to 200 kHz are also supported, but with less
performance

Automatic accommodation to slow variations in the incoming and outgoing sampling rates
Linear phase
Tolerant to sample clock jitter

Clock/Data Connections:

The physical sampling clocks are directly connected to the ASRC module, the ratio estimation of
the input clocks with output clocks are done in ASRC hardware.

The clock signals come from the following modules:
— ESAI, receiving clock and transmitting clock

— ESAI-1, receiving clock and transmitting clock
— ESAI-2, receiving clock and transmitting clock
— ESAI-3, receiving clock and transmitting clock
— S/PDIF, receiving clock and transmitting clock
— PLL derivative clock, about 5.644 MHz

The exchange of audio data is done by the DSP Core accessing the ASRC module through registers
defined on the Shared Peripheral bus.

20.1.3 Modes of Operation

In the description, many registers are used. The definition of the registers and parameters are described in
Section 20.2, “Memory Map and Register Definitions.”
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20.1.3.1 Data Transfer Schemes

20.1.3.1.1 Data Input Modes

Three transfer modes are supported by ASRC: Mode 1 (Polling mode), Mode 2 (Interrupt mode), and
Mode 3 (DMA mode).

Mode 1 (Polling Mode)

After power on, reset (individually) or DSP clears ASRIER_ADIEx (where x = A, B or C), and ASRC
operates in Mode 1. In Polling mode, data input interrupts are disabled (ASRIERn_ADIEx=0, where
x = A, B or C). The DSP can poll ASRSTR_AIDEX to monitor input service requests.

The ASRC consumes data from each enabled input FIFO sample by sample, continually after each rising
edge of the input sampling clock. When the number of data words in every input FIFO is less than the
threshold, ASRC will set ASRSTR_AIDEX (x:A, B or C). After DSP checks the ASRSTR and finds these
input requests, the DSP will write enough data into the ASRDIA, ASRDIB or ASRDIC input register
accordingly, before the ASRC fetches the next data. When the ASRC fetches the next data, and if the
FIFOs are empty, an error will happen and ASRSTR_AOLE will be set.

The threshold of the input FIFOs is 32 samples (by default).

All data should be written in a predefined sequence. If ASRDIA needs to be written, the sequence should
be: asrdi_0, asrdi_1, asrdi_2, asrdi_3, asrdi_0Q,asrdi_1, asrdi_2,..., asrdi_0, asrdi_1, asrdi_2, asrdi_3. Here
asrdi_n stands for the data intended for the nth channel. The hardware will re-allocate each data to its
corresponding channel FIFO. The channel being re-allocated is shown by ASRCCR_ACIA.

After the number of data in every input FIFO is greater than the threshold, the data-needed status bit will
be cleared.

Mode 2 (Interrupt Mode):

After DSP sets ASRIER_ADIEx (x=A, B or C), the input interrupt is enabled.

The ASRC consumes data from the input FIFO continually when it is working. When the number of data
words in the input FIFO is less than the threshold:

* The ASRC generates an interrupt request.

* A corresponding interrupt vector is transferred to the DSP.
» The status register’s corresponding bit ASRSTR_AIDEX (x:A, B or C) will be set.

To serve this request, the DSP should write enough data into the input FIFOs. When the ASRC fetches the
next data, and if the buffer is empty, an error will happen and ASRSTR_AOLE will be set. If the overload
interrupt is enabled, an overload interrupt will happen.

All data should be written in a predefined sequence too.

Mode 3 (DMA Mode):
ASRSTR_AIDEx (x = A, B or C) bits can also be used as DMA request source.
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In DMA mode, when ASRSTR_AIDEx (x = A, B or C) is active, they will cause a DMA transfer. The
DMA-transferred data will feed into the ASRDIA, ASRDIB or ASRDIC input FIFOs. The other
requirements and behaviors of the DMA mode are the same as those in the polling mode.

20.1.3.1.2 Data Output Modes

Three transfer modes are supported by the Interface block.

Mode 1 (Polling Mode)

Output mode 1 is also a polling mode. It is almost the same as input mode 1, except that the direction of
data being transferred and the involved register bits are different. The threshold of the output FIFOs is 32
samples.

Mode 2 (Interrupt Mode)

Output mode 2 is also an interrupt mode. It is almost the same as input mode 2, except that again the
direction of data being transferred and the involved register bits are different.

Mode 3 (DMA Mode)

Output mode 3 is also a DMA mode. It is almost the same as input mode 3, except that the direction of data
being transferred and the involved register bits are different.

20.2 Memory Map and Register Definitions

20.2.1 Memory Map

Table 20-2. Block Memory Map

23:2:; Register Access | Reset Value | Section/Page
0x0 ASRCTR | ASRC Control Register R/W 0x00_0000 20.2.2.1/20-7
0x1 ASRIER Interrupt Enable Register R/W 0x00_0000 20.2.2.2/20-8
0x2 ASRIEM Interrupt Enable Mask Register for both DSP cores R/W 0x00_0000 20.2.2.2/20-8
0x3 ASRCNCR | Channel Number Configuration Register R/W 0x00_0000 | 20.2.2.3/20-10
0x4 ASRCFG | Filter Configuration Status Register R/W 0x00_0000 | 20.2.2.4/20-11
0x5 ASRCSR | ASRC Clock Source Register R/W 0x00_0000 | 20.2.2.5/20-13
0x6 ASRCDR1 | ASRC Clock Divider Register 1 R/W 0x00_0000 | 20.2.2.6/20-15
0x7 ASRCDR2 | ASRC Clock Divider Register 2 R/W 0x00_0000 | 20.2.2.6/20-15
0x8 ASRSTR ASRC Status Register R 0x00_0000 20.2.2.7/20-17

0x9-0xB | Reserved - - -
0xC ASRMAA | ASRC Memory Access Address Register R/W 0x00_0000 | 20.2.2.9/20-22
0xD ASRMAD | ASRC Memory Access Data Register R/W NA' 20.2.2.9/20-22
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Table 20-2. Block Memory Map (continued)

Offset or . .
Address Register Access | Reset Value | Section/Page
OxE ASRDCR | ASRC Debug Control Register R/W 0x02_0000 | 20.2.2.8/20-20
OxF ASRDCR1 | ASRC Debug Control Register -1 R/W 0x00_0000 | 20.2.2.8/20-20
0x10 ASRPM1 Parameter Register 1 R/W 0x00_0000 | 20.2.2.10/20-24
0x11 ASRPM2 | Parameter Register 2 R/W 0x00_0000 | 20.2.2.10/20-24
0x12 ASRPM3 | Parameter Register 3 R/W 0x00_0000 | 20.2.2.10/20-24
0x13 ASRPM4 | Parameter Register 4 R/W 0x00_0000 | 20.2.2.10/20-24
0x14 ASRPM5 | Parameter Register 5 R/W 0x00_0000 | 20.2.2.10/20-24
0x15 |ASRTFR1 |ASRC Task queue FIFO Register 1 R/W2 | 0x00_0000 | 20.2.2.11/20-24
0x16 Reserved - - -
0x17 ASRCCR | Channel Counter Register R/W 0x00_0000 | 20.2.2.12/20-25
0x18 ASRDIA ASRC Data Input Register for Pair A w NA3 20.2.2.13/20-26
0x19 ASRDOA | ASRC Data Output Register for Pair A R NA% 20.2.2.13/20-26
0x1A |ASRDIB ASRC Data Input Register for Pair B W NAS 20.2.2.13/20-26
0x1B | ASRDOB | ASRC Data Output Register for Pair B R NAS 20.2.2.13/20-26
0x1C |ASRDIC ASRC Data Input Register for Pair C W NA’ 20.2.2.13/20-26
0x1D |ASRDOC |ASRC Data Output Register for Pair C R NA8 20.2.2.13/20-26
! This register is directly connected to RAM/ROM. No reset value exists.
2 Note that R/W registers may contain some read-only or write-only bits.
3 This register is directly connected to RAM/ROM. No reset value exists.
4 This register is directly connected to RAM/ROM. No reset value exists.
5 This register is directly connected to RAM/ROM. No reset value exists.
6 This register is directly connected to RAM/ROM. No reset value exists.
7 This register is directly connected to RAM/ROM. No reset value exists.
8 This register is directly connected to RAM/ROM. No reset value exists.
20.2.2 Register Descriptions
The format for the register descriptions is shown in Figure 20-3 and Table 20-3.
Always| 1 | Always| 0 |R/W|BIT| Read-| BIT | Write- Write 1| BIT | Self-clear| 0 | N/A
reads 1 reads 0 bit only bit only bit to clear bit
BIT wic BIT

Figure 20-3. Key to Register Fields
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Table 20-3. Register Conventions

Convention Description
Depending on its placement in the read or write row, indicates that the bit is not readable or not writeable.
FIELDNAME | Identifies the field. Its presence in the read or write row indicates that it can be read or written.
Register Field Types
R Read only. Writing this bit has no effect.
w Write only.
R/W Standard read/write bit. Only software can change the bit’s value (other than a hardware reset).
rwm A read/write bit that may be modified by a hardware in some fashion other than by a reset.
wic Write one to clear. A status bit that can be read, and is cleared by writing a one.

Self-clearing bit

Writing a one has some effect on the module, but it always reads as zero. (Previously designated slfclr)

Reset Values

0 Resets to zero.

1 Resets to one.

— Undefined at reset.
u Unaffected by reset.

[signal_name]

Reset value is determined by polarity of indicated signal.

20.2.2.1

ASRC Control Register (ASRCTR)

The control register (ASRCTR) is a 24-bit read/write register that controls the ASRC operations.

Offset 0x0 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
w|ASDBG | ATSC | ATSB | ATSA Rsv
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W ASREC | ASREB | ASREA | ASRCEN
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 20-4. ASRC Control Register (ASRCTR)

The bits definitions are shown in Table 20-4.
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Table 20-4. ASRC Control Register Bits (ASRCTR)

Bit

Field

Description

23

ASDBG

ASRC Debug Control
Enable ASRC to enter debug mode.

22

ATSC

ASRC Pair C Automatic Selection For Processing Options

When the ASTC bit is 1, pair C will automatic update its pre-processing and post-processing options
(ASRCFG: PREMODC, ASRCFG:POSTMODC, see on page 20-11) based on the frequencies it
detected. To use this option, the two parameter registers(TS76KHZ and TS56KHZ) should be set
correctly through the ASRMAA and ASRMAD registers (see on page 20-22).

When the ASTC bit is 0, you are responsible for choosing the proper processing options for pair C.

21

ATSB

ASRC Pair B Automatic Selection For Processing Options

When the ATSB bit is 1, pair B will automatic update its pre-processing and post-processing options
(ASRCFG: PREMODB, ASRCFG:POSTMODB, see on page 20-11) based on the frequencies it
detected. To use this option, the two parameter registers(TS76KHZ and TS56KHZ) should be set
correctly through the ASRMAA and ASRMAD registers (see on page 20-22).

When the ATSB bit is 0, you are responsible for choosing the proper processing options for pair B.

20

ATSA

ASRC Pair A Automatic Selection For Processing Options

When the ATSA bit is 1, pair A will automatic update its pre-processing and post-processing options
(ASRCFG: PREMODA, ASRCFG:POSTMODA, see on page 20-11) based on the frequencies it
detected. To use this option, the two parameter registers(TS76KHZ and TS56KHZ) should be set
correctly through the ASRMAA and ASRMAD registers (see on page 20-22).

When the ATSA bit is 0, you are responsible for choosing the proper processing options for pair A.

19-4

Reserved. Should be written as zero for compatibility.

ASREC

ASRC Enable C
Enables the conversion of pair C of the ASRC. When ASREC is cleared, conversion of pair C is
disabled.

ASREB

ASRC Enable B
Enables the conversion of pair B of the ASRC. When ASREB is cleared, conversion of pair B is
disabled.

ASREA

ASRC Enable A
Enables the conversion of pair A of the ASRC. When ASREA is cleared, conversion of pair A is
disabled.

ASRCEN

ASRC Enable
Enables the operation of the ASRC.

20.2.2.2

Interrupt Enable Register and Mask Register (ASRIER, ASRIEM)

The Interrupt Enable and Mask registers are read/write registers, and they support the two interrupt enable
lines connected to the two different DSP cores. Use the ASRIER register to enable interrupts, and use the
ASRIEM register to determine which DSP core the interrupt will request to.
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Offset 0ox1 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W AFPWE | AOLIE |ADOEC|ADOEB |ADOEA | ADIEC | ADIEB | ADIEA
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 20-5. Interrupt Enable Register (ASRIER)
Offset |0x2 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W MFPWE| MOLIE |MDOEC |MDOEB |MDOEA | MDIEC | MDIEB | MDIEA
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 20-6. Interrupt Enable Mask Register (ASRIEM)
Table 20-5. Interrupt Enable Register (ASRIER)
Bit Field Description
23-8 Reserved. Should be written as zero for compatibility.
7 AFPWE FP in Wait State Interrupt Enable
Enables the FP for the wait state interrupt.
6 AOCLIE Overload Interrupt Enable
Enables the overload interrupt.
5 ADOEC Data Output C Interrupt Enable
Enables the data output C interrupt.
4 ADOEB Data Output B Interrupt Enable
Enables the data output B interrupt.
3 ADOEA Data Output A Interrupt Enable
Enables the data output A interrupt.
2 ADIEC Data Input C Interrupt Enable
Enables the data input C interrupt.
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Table 20-5. Interrupt Enable Register (ASRIER) (continued)

Bit Field Description

1 ADIEB Data Input B Interrupt Enable
Enables the data input B interrupt.

0 ADIEA Data Input A Interrupt Enable
Enables the data input A Interrupt.

Table 20-6. Interrupt Enable Mask Register (ASRIEM)

Bit Field Description
23-8 Reserved. Should be written as zero for compatibility.
7 MFPWE Mask of FP in Wait State Interrupt

0 Enables the wait state interrupt to Core 1.
1 Enables the wait state interrupt to Core 2.

6 MOLIE Mask of Overload Interrupt Enable
0 Enables the overload interrupt to Core 1.
1 Enables the overload interrupt to Core 2.

5 MDOEC Mask of Data Output C Interrupt Enable
0 Enables the data output C interrupt to Core 1.
1 Enables the data output C interrupt to Core 2.

4 MDOEB Mask of Data Output B Interrupt Enable
0 Enables the data output B interrupt to Core 1.
1 Enables the data output B interrupt to Core 2.

3 MDOEA Mask of Data Output A Interrupt Enable
0 Enables the data output A interrupt to Core 1.
1 Enables the data output A interrupt to Core 2.

2 MDIEC Mask of Data Input C Interrupt Enable
0 Enables the data input C interrupt to Core 1.
1 Enables the data input C interrupt to Core 2.

1 MDIEB Mask of Data Input B Interrupt Enable
0 Enables the data input B interrupt to Core 1.
1 Enables the data input B interrupt to Core 2.

0 MDIEA Mask of Data Input A Interrupt Enable
0 Enables the data input A Interrupt to Core 1.
1 Enables the data input A Interrupt to Core 2.

20.2.2.3 Channel Number Configuration Register (ASRCNCR)

The Channel Number Configuration register (ASRCNCR) is a 24-bit read/write register that sets the
number of channels used by each ASRC conversion pair.
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0x3 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0
ANCC ANCB ANCA
0 0 0 0 ] 0 0 0 0 ] 0 0 0 0

Figure 20-7. Channel Number Configuration Register (ASRCNCR)

The bit definitions are in Table 20-7.
Table 20-7. Channel Number Configuration Register (ASRCNCR)

Bit

Field

Description

23-9

Reserved. Should be written as zero for compatibility.

8-6

ANCC'

Number of C Channels

000
001
010
011
100
101

0 channels in C (Pair C is disabled)
2 channel in C

4 channels in C

6 channels in C

8 channels in C

10 channels in C

5-3

ANCB

Number of B Channels

000
001
010
011
100
101

0 channels in B (Pair B is disabled)
2 channel in B

4 channels in B

6 channels in B

8 channels in B

10 channels in B

ANCA

Number of A Channels

000
001
010
011
100
101

0 channels in A (Pair A is disabled)
2 channel in A

4 channels in A

6 channels in A

8 channels in A

10 channels in A

T ANCC+ANCB+ANCA<=10.

20.2.2.4 Filter Configuration Status Register (ASRCFG)

The Filter Configuration Status register (ASRCFG) is a 24-bit read/write register that sets and/or
automatically senses the ASRC operations.
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Offset

R

Reset

R

Reset

0x4 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
INIRQC | INIRQB | INIRQA NDPRB [ NDPRA| POSTMODC PREMODC POSTMODB
0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
PREMODB POSTMODA PREMODA Reserved Reserved Reserved
0 0 0 0 0 0 0 0 0 0 0 0

Figure 20-8. Filter Configuration Status Register (ASRCFG)

The bits definitions are shown in Table 20-8.

Table 20-8. Filter Configuration Status Register (ASRCFG)

Bit

Field

Description

23

INIRQC

Initialization for Conversion Pair C is served

When the INIRQC bit is 1, the initialization for conversion pair C is served.

The INIRQC bit is cleared by disabling the ASRC conversion pair (ASRCTR:ASREC = 0 or
ASRCTR:ASRCEN = 0).

22

INIRQB

Initialization for Conversion Pair B is served

When the INIRQB bit is 1, the initialization for conversion pair B is served.

The INIRQB bit is cleared by disabling the ASRC conversion pair (ASRCTR:ASREB = 0 or
ASRCTR:ASRCEN = 0).

21

INIRQA

Initialization for Conversion Pair A is served

When the INIRQA bit is 1, the initialization for conversion pair A is served.

The INIRQA bit is cleared by disabling the ASRC conversion pair (ASRCTR:ASREA =0 or
ASRCTR:ASRCEN = 0).

20

Reserved, should be written as zeros for future compatibility.

19

NDPRB

Do Not Use Default Parameters for RAM-stored Parameters For Conversion Pair B

0 Use the default parameters for RAM-stored parameters, and override any parameters already in RAM.

1 Don’t use the default parameters for RAM-stored parameters; use the parameters already stored in
RAM.

18

NDPRA

Do Not Use Default Parameters for RAM-stored Parameters For Conversion Pair A

0 Use the default parameters for RAM-stored parameters; override any parameters already in RAM.

1 Don’t use the default parameters for RAM-stored parameters; use the parameters already stored in
RAM.

17-16

POSTMODC
(1-0]

Post-Processing Configuration for Conversion Pair C

Use these bits to set the selection of the post-processing configuration for Pair C.

00 Select Upsampling-by-2, as defined in Section 20.5.1.1.

01 Select Direct-Connection, as defined in Section 20.5.1.1.

10 Select Downsampling-by-2, as defined in Section 20.5.1.1.

These bits can be read/written by the user if ASRCTR:ATSC = 0, and can also be automatically updated
by the ASRC internal logic if ASRCTR:ATSC = 1 (see on page 20-8).
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Table 20-8. Filter Configuration Status Register (ASRCFG) (continued)

Bit Field Description
15-14| PREMODC | Pre-Processing Configuration for Conversion Pair C
[1-0] Use these bits to set the selection of the post-processing configuration for Pair C.
00 Select Upsampling-by-2, as defined in Section 20.5.1.1.
01 Select Direct-Connection, as defined in Section 20.5.1.1.
10 Select Downsampling-by-2, as defined in Section 20.5.1.1.
11 Select passthrough mode. In this case, POSTMODC[1-0] will not apply.
These bits can be read/written by the user if ASRCTR:ATSC = 0, and can also be automatically updated
by the ASRC internal logic if ASRCTR:ATSC = 1 (see on page 20-8).
13-12 | POSTMODB | Post-Processing Configuration for Conversion Pair B
[1-0] Use these bits to set the selection of the post-processing configuration for Pair B.
00 Select Upsampling-by-2, as defined in Section 20.5.1.1.
01 Select Direct-Connection, as defined in Section 20.5.1.1.
10 Select Downsampling-by-2, as defined in Section 20.5.1.1.
These bits can be read/written by the user if ASRCTR:ATSB = 0, and can also be automatically updated
by the ASRC internal logic if ASRCTR:ATSB = 1 (see on page 20-8).
11—-10| PREMODB | Pre-Processing Configuration for Conversion Pair B
[1-0] Use these bits to set the selection of the post-processing configuration for Pair B.
00 Select Upsampling-by-2, as defined in Section 20.5.1.1.
01 Select Direct-Connection, as defined in Section 20.5.1.1.
10 Select Downsampling-by-2, as defined in Section 20.5.1.1.
11 Select passthrough mode. In this case, POSTMODBJ[1-0] will not apply.
These bits can be read/written by the user if ASRCTR:ATSB = 0, and can also be automatically updated
by the ASRC internal logic if ASRCTR:ATSB = 1 (see on page 20-8).
9-8 | POSTMODA | Post-Processing Configuration for Conversion Pair A
[1-0] Use these bits to set the selection of the post-processing configuration for Pair A.
00 Select Upsampling-by-2, as defined in Section 20.5.1.1.
01 Select Direct-Connection, as defined in Section 20.5.1.1.
10 Select Downsampling-by-2, as defined in Section 20.5.1.1.
These bits can be read/written by the user if ASRCTR:ATSA = 0, and can also be automatically updated
by the ASRC internal logic if ASRCTR:ATSA = 1 (see on page 20-8).
7-6 | PREMODA | Pre-Processing Configuration for Conversion Pair A
[1-0] Use these bits to set the selection of the post-processing configuration for Pair A.
00 Select Upsampling-by-2, as defined in Section 20.5.1.1.
01 Select Direct-Connection, as defined in Section 20.5.1.1.
10 Select Downsampling-by-2, as defined in Section 20.5.1.1.
11 Select passthrough mode. In this case, POSTMODA[1-0] will not apply.
These bits can be read/written by the user if ASRCTR:ATSA = 0, and can also be automatically updated
by the ASRC internal logic if ASRCTR:ATSA = 1 (see on page 20-8). These bits set the selection of the
pre-processing configuration.
5-0 Reserved. Should be written as zero for compatibility.

20.2.2.5 ASRC Clock Source Register (ASRCSR)

The clock source register (ASRCSR) 1s a 24-bit read/write register that controls the sources of the input
and output clocks of the ASRC.
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Offset |0x5 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R AOCSC AOCSB AOCSA
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R AICSC AICSB AICSA
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 20-9. Clock Source Register (ASRCSR)

The bit definitions are in Table 20-9.
Table 20-9. Clock Source Register (ASRCSR)

Bit Field Description

23-20 |AOCSC Output Clock Source C

0000 ESAI Tx clock

0001 ESAI-1 Tx clock

0010 ESAI-2 Tx clock

0011 ESAI-3 Tx clock

0100 S/PDIF Tx clock

0101 Reserved

0110 Reserved

0111 Reserved

Any other value—ASRCK1 (In DSP56720/DSP56721, this signal is derived from the PLL, and can be
controlled by the ASCDR register in the CGM module.)

19-16 |AOCSB Output Clock Source B

0000 ESAI Tx clock

0001 ESAI-1 Tx clock

0010 ESAI-2 Tx clock

0011 ESAI-3 Tx clock

0100 S/PDIF Tx clock

0101 Reserved

0110 Reserved

0111 Reserved

Any other value—ASRCK1 (In DSP56720/DSP56721, this signal is derived from the PLL, and can be
controlled by the ASCDR register in the CGM module.)
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Table 20-9. Clock Source Register (ASRCSR) (continued)

Bit

Field

Description

15-12

AOCSA

Output Clock Source A

0000
0001
0010
0011
0100
0101
0110
0111

ESAI Tx clock
ESAI-1 Tx clock
ESAI-2 Tx clock
ESAI-3 Tx clock
S/PDIF Tx clock
Reserved
Reserved
Reserved

Any other value—ASRCK1 (In DSP56720/DSP56721, this signal is derived from the PLL, and can be

controlled by the ASCDR register in the CGM module.)

11-8

AICSC

Input Clock Source C

0000
0001
0010
0011
0100
0101
0110

ESAI Rx clock
ESAI-1 Rx clock
ESAI-2 Rx clock
ESAI-3 Rx clock
S/PDIF Rx clock
Reserved
Reserved

Any other value—ASRCK1 (In DSP56720/DSP56721, this signal is derived from the PLL, and can be

controlled by the ASCDR register in the CGM module.)

AICSB

Input Clock Source B

0000
0001
0010
0011
0100
0101
0110

ESAI Rx clock
ESAI-1 Rx clock
ESAI-2 Rx clock
ESAI-3 Rx clock
S/PDIF Rx clock
Reserved
Reserved

Any other value—ASRCK1 (In DSP56720/DSP56721, this signal is derived from the PLL, and can be

controlled by the ASCDR register in the CGM module.)

3-0

AICSA

Input Clock Source A

0000
0001
0010
0011
0100
0101
0110

ESAI Rx clock
ESAI-1 Rx clock
ESAI-2 Rx clock
ESAI-3 Rx clock
S/PDIF Rx clock
Reserved
Reserved

Any other value—ASRCK1 (In DSP56720/DSP56721, this signal is derived from the PLL, and can be

controlled by the ASCDR register in the CGM module.)

20.2.2.6 ASRC Clock Divider Registers (ASRCDR1, ASRCDR2)
The Clock Divider registers (ASRCDR1, ASRCDR?2) are two 24-bit read/write registers that control the

division factors of the ASRC input and output clock sources.
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Offset 0x6 Access: User Read/Write
23 22 21 20 ‘ 19 18 17 16 15 14 13 12
R AOCDB AOCPB AOCDA AOCPA
w
Resetl 0 0 0 0 \ 0 0 0 0 \ 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0
R AICDB AICPB AICDA AICPA
w
Resetl 0 0 0 0 ] 0 0 0 0 ] 0 0 0 0

Figure 20-10. Clock Divider Register-1 (ASRCDR1)

Offset |0x7 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0
R AOCDC AOCPC AICDC AICPC
w
Reset| 0 0 0 0 \ 0 0 0 0 \ 0 0 0 0

Figure 20-11. Clock Divider Register-2 (ASRCDR2)

Table 20-10. Clock Divider Register-1 (ASRCDR1)

Bit Field Description

23-21 |AOCDB Output Clock Divider B
Specify the divide ratio of the output clock divider B.
The divide ratio can be from 1 to 8 (AOCDBJ[2:0] = 000 to 111).

20-18 |AOCPB Output Clock Prescaler B
Specify the prescaling factor of the output prescaler B.
The prescaling ratio may be any power of 2 from 1 to 128.

17-15 |AOCDA Output Clock Divider A
Specify the divide ratio of the output clock divider A.
The divide ratio can be from 1 to 8 (AOCDA[2:0] = 000 to 111).

14-12 | AOCPA Output Clock Prescaler A
Specify the prescaling factor of the output prescaler A.
The prescaling ratio may be any power of 2 from 1 to 128.
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Table 20-10. Clock Divider Register-1 (ASRCDR1) (continued)

Bit Field Description

11-9 AICDB Input Clock Divider B
Specify the divide ratio of the input clock divider B.
The divide ratio can be from 1 to 8 (AICDB[2:0] = 000 to 111).

86 AICPB Input Clock Prescaler B
Specify the prescaling factor of the input prescaler B.
The prescaling ratio may be any power of 2 from 1 to 128.

5-3 AICDA Input Clock Divider A
Specify the divide ratio of the input clock divider A.
The divide ratio can be from 1 to 8 (AICDA[2:0] = 000 to 111).

2-0 AICPA Input Clock Prescaler A
Specify the prescaling factor of the input prescaler A.
The prescaling ratio may be any power of 2 from 1 to 128.

Table 20-11. Clock Divider Register-2 (ASRCDR2)

Bit Field Description

23-12 Reserved. Should be written as zero for compatibility.

11-9 AOCDC Output Clock Divider C
Specify the divide ratio of the output clock divider C.
The divide ratio is from 1 to 8 (AOCDCJ2:0] = 000 to 111).

8-6 AOCPC Output Clock Prescaler C
Specify the prescaling factor of the output prescaler C.
The prescaling ratio may be any power of 2 from 1 to 128.

5-3 AICDC Input Clock Divider C
Specify the divide ratio of the input clock divider C.
The divide ratio is from 1 to 8 (AICDC[2:0] = 000 to 111).

2-0 AICPC Input Clock Prescaler C
Specify the prescaling factor of the input prescaler C.
The prescaling ratio may be any power of 2 from 1 to 128.

20.2.2.7 ASRC Status Register (ASRSTR)

The status register (ASRSTR) is a 24-bit read-only register used by the DSP core to examine the status of
the ASRC module and clear the overload interrupt request and AOLE flag bit. Reading the status register
will return the current state of ASRC.
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Offset |0x8 Access: User Read-Only
23 22 21 20 19 18 17 16 15 14 13 12
R DSLCNT | ATQOL | AOOLC | AOOLB | AOOLA | AIOLC | AIOLB | AIOLA |AODOC|AODOB
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R|AODOA| AIDUC | AIDUB | AIDUA | FPWT | AOLE |AODFC | AODFB | AODFA | AIDEC | AIDEB | AIDEA
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 20-12. Status Register (ASRSTR)
Table 20-12. Status Register (ASRSTR)
Bit Field Description
23-22 Reserved. Should be written as zero for compatibility.
21 DSLCNT |DSL Counter Input to FIFO ready
1 Indicates when the new DSL counter information is stored in the internal ASRC FIFO.
0 Indicates that new DSL counter information is in the process of being stored into the internal ASRC
FIFO.
When ASRIER:AFPWE = 1, the rising edge of this signal will propose an interrupt request.
When the DSLCNT bit is set, writing any value will clear the interrupt request proposed by the rising
edge of this bit.
20 ATQOL Taskque FIFO overload
1 Indicates when the FIFO logic is oveloaded. This may help to check the reason why overload
interrupt happens.
The ATQOL bit is cleared when writing 1 to ASRCTR:AOLIE.
19 AOOLC Pair C Output Task Overload
1 Indicates when the pair C output task is oveloaded. This may help to check the reason why
overload interrupt happens.
The AOOLC bit is cleared when writing 1 to ASRCTR:AOLIE.
18 AOOLB Pair B Output Task Overload
1 Indicates that the pair B output task is oveloaded. This may help to check the reason why overload
interrupt happens.
The AOOLB bit is cleared when writing 1 to ASRCTR:AOLIE.
17 AOOLA Pair A Output Task Overload
1 Indicates that the pair A output task is oveloaded. This may help to check the reason why overload
interrupt happens.
The AOOLA bit is cleared when writing 1 to ASRCTR:AOLIE.
16 AIOLC Pair C Input Task Overload
1 Indicates that the pair C input task is oveloaded. This may help to check the reason why overload
interrupt happens.
The AIOLC bit is cleared when writing 1 to ASRCTR:AOLIE.
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Table 20-12. Status Register (ASRSTR) (continued)

Bit Field Description

15 AIOLB Pair B Input Task Overload

1 Indicates that the pair B input task is oveloaded. This may help to check the reason why overload
interrupt happens.

The AIOLB bit is cleared when writing 1 to ASRCTR:AOLIE.

14 AIOLA Pair A Input Task Overload

1 Indicates that the pair A input task is oveloaded. This may help to check the reason why overload
interrupt happens.

The AIOLA bit is cleared when writing 1 to ASRCTR:AOLIE.

13 AODOC Output Data Buffer C is overflowed
1 Indicates that output data buffer C is overflowed.
0 Indicates that output data buffer C is not overflowed.

12 AODOB Output Data Buffer B is overflowed
1 Indicates that output data buffer B is overflowed.
0 Indicates that output data buffer B is not overflowed.

11 AODOA Output Data Buffer A is overflowed
1 Indicates that output data buffer A is overflowed.
0 Indicates that output data buffer A is not overflowed.

10 AIDUC Input Data Buffer C is underflowed
1 Indicates that input data buffer C is underflowed.
0 Indicates that input data buffer C is not underflowed.

9 AIDUB Input Data Buffer B is underflowed
1 Indicates that input data buffer B is underflowed.
0 Indicates that input data buffer B is not underflowed.

8 AIDUA Input Data Buffer A is underflowed
1 Indicates that input data buffer A is underflowed.
0 Indicates that input data buffer A is not underflowed.

7 FPWT FP is in wait state

This bit is for debug only.

1 Indicates that filter processor is in wait states.

0 Indicates that filter processor is not in wait states.

If ASRCTR:AFPWE=1 and ASRCTR:ASDBG=1, an interrupt will be proposed when this bit is set.

6 AOLE Overload Error Flag

1 Indicates that the task rate is too high for the ASRC to handle.

The reasons for overload may be:

* too high input clock frequency

too high output clock frequency

incorrect selection of the pre-filter

low DSP system clock

too many channels

underrun

or any combination of the reasons above.

Since the ASRC uses the same hardware resources to perform various tasks, the real reason for the
overload is not straightforward, and it should be carefully analyzed by the programmer.

If ASRCTR:AOLIE=1, an interrupt will be proposed when this bit is set.

With this bit set = 1, writing any value into the status register will clear this bit and can clear the
interrupt request proposed by this bit.
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Table 20-12. Status Register (ASRSTR) (continued)

Bit

Field

Description

AODFC

Number of data in Output Data Buffer C is greater than threshold

1 Indicates that the number of data words already existing in ASRDORC is greater than the
threshold, and the DSP can read data from ASRDORC. When AODFC is set, the ASRC generates
a data output C interrupt request to the DSP core, if enabled (that is, ASRCTR:ADOEC = 1).

A DMA request is always generated when the AODFC bit is set, but a DMA transfer takes place only

if a DMA channel is active and triggered by this event.

ACDFB

Number of data in Output Data Buffer B is greater than threshold

1 Indicates that the number of data words already existing in ASRDORB is greater than the
threshold, and the DSP can read data from ASRDORB. When AODFB is set, the ASRC generates
a data output B interrupt request to the DSP core, if enabled (that is, ASRCTR:ADOEB = 1).

A DMA request is always generated when the AODFB bit is set, but a DMA transfer takes place only

if a DMA channel is active and triggered by this event.

AODFA

Number of data in Output Data Buffer A is greater than threshold

1 Indicates that the number of data words already existing in ASRDORA is greater than the
threshold, and the DSP can read data from ASRDORA. When AODFA is set, the ASRC generates
a data output A interrupt request to the DSP core, if enabled (that is, ASRCTR:ADOEA = 1).

A DMA request is always generated when the AODFA bit is set, but a DMA transfer takes place only

if a DMA channel is active and triggered by this event.

AIDEC

Number of data in Input Data Buffer C is less than threshold

1 Indicates that the number of data words still available in ASRDIRC is less than the threshold, and
the DSP can write data to ASRDIRC. When AIDEC is set, the ASRC generates a data input C
interrupt request to the DSP core, if enabled (that is, ASRCTR:ADIEC = 1).

A DMA request is always generated when the AIDEC bit is set, but a DMA transfer takes place only

if a DMA channel is active and triggered by this event.

AIDEB

Number of data in Input Data Buffer B is less than threshold

1 Indicates that the number of data words still available in ASRDIRB is less than the threshold, and
the DSP can write data to ASRDIRB. When AIDEB is set, the ASRC generates a data input B
interrupt request to the DSP core, if enabled (that is, ASRCTR:ADIEB = 1).

A DMA request is always generated when the AIDEB bit is set, but a DMA transfer takes place only

if a DMA channel is active and triggered by this event.

AIDEA

Number of data in Input Data Buffer A is less than threshold

1 Indicates that the number of data words still available in ASRDIRA is less than the threshold, and
the DSP can write data to ASRDIRA. When AIDEA is set, the ASRC generates a data input A
interrupt request to the DSP core, if enabled (that is, ASRCTR:ADIEA = 1).

A DMA request is always generated when the AIDEA bit is set, but a DMA transfer takes place only

if a DMA channel is active and triggered by this event.

20.2.2.8 ASRC Debug Control Register (ASRDCR, ASRDCR1)

The ASRC Debug Control register is used to clear FIFOs and set full output FIFOs. The bits CNTCLRA,
CNTCLRB, CNTCLRC, SFFOC, SFFOB and SFFOA are used for testing and are not recommended to be
used by you. There is no guarantee for future expansion of these bits.
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Offset |OxE Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R| CNTCLRC |CNTCLRB|CNTCLRA | SFFOC | SFFOB | SFFOA | TSKQD PFWPT[4:0] ‘
w | L
Reset 0 0 0 0 0 0 1 0 0 0 0 0
11 10 9 8 7 6 5 4 ‘ 3 2 1 0
R CPAIR[1:0] INCLK |OUTCLK DSL_TKO[29:24]
w
Reset 0 0 0 0 0 0 0 0 ‘ 0 0 0 0
Figure 20-13. Debug Control Register (ASRDCR)
Offset |OxF ‘ Access: User Read/Write
23 22 21 20 ’ 19 18 17 16 15 14 13 12
R DSL_TKO[23:12]
w
Reset| 0 0 0 o | o 0 0 o | o 0 0 0
11 10 9 8 ’ 7 6 5 4 ’ 3 2 1 0
R DSL_TKO[11:0]
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 20-14. Debug Control Register-1 (ASRDCR1)
Table 20-13. Debug Control Register (ASRDCR)
Bit Field Description
23 CNTCLRC Input/Output FIFO Pointers Clear for conversion pair C
0 Enable FIFO C counters
1 Clear FIFO C counters
22 CNTCLRB Input/Output FIFO Pointers Clear for conversion pair B
0 Enable FIFO B counters
1 Clear FIFO B counters
21 CNTCLRA Input/Output FIFO Pointers Clear for conversion pair A
0 Enable FIFO A counters
1 Clear FIFO A counters
20 SFFOC Force Output FIFO Full or Not for conversion pair C
0 Don’t set output FIFO C full
1 Force output FIFO C full
19 SFFOB Force Output FIFO Full or Not for conversion pair B
0 Don't set output FIFO B full
1 Force output FIFO B full
Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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Table 20-13. Debug Control Register (ASRDCR) (continued)

Bit

Field

Description

18

SFFOA

Force Output FIFO Full or Not for conversion pair A
0 Don't set output FIFO A full
1 Force output FIFO A full

17

TSKQE

Task Queue is Empty

1 Indicates that the task queue is empty.

0 Indicates that the task queue is not empty.

In debug mode, it is not recommended to generate new tasks when this bit is 1'bO0.

16-12

PFWPT [4:0]

Write Pointer for Prefilter Output Buffer
This is the write pointer for the prefilter output buffer of the conversion pair under debugging
(selected by CPAIR[1:0]). It is read-only and for debug purpose only.

11-10

CPAIR[1:0]

Current Pair under Debugging

These two bits select the conversion pair number under debugging.
00 Conversion pair A is under debugging.

01 Conversion pair B is under debugging.

10 Conversion pair C is under debugging.

INCLK

The Input Clock for the Debugging conversion pair
Writing this bit as 1 will generate an ASRC input processing task for the debugging pair.

OUTCLK

The Output Clock for the Debugging conversion pair
Writing this bit as 1 will generate an ASRC output processing task for the debugging pair.

Reserved. Should be written as zero for compatibility.

DSL_TKO[29:24]

The Simulated DSL Track Out for the Debugging pair

These are the 6 MSBs of the simulated DSL track out for the debugging pair. The filter
processor will use these values to calculate the ASRC output as it detects the rising edge of
ASRDCR[7] (OUTCLK).

Table 20-14. Debug Control Register-1 (ASRDCR1)

Bit

Field

Description

23-0

DSL_TKO [23:0]

The Simulated DSL Track Out for the debugging pair

These are the 24 LSBs of the simulated DSL track out for the debugging pair. The filter processor
will use these values to calculate the ASRC output as it detects the rising edge of ASRDCR([8]
(OUTCLK).

For debugging, these 24 LSBs should be written before DSL_TKO[29:24] is written.

20.2.2.9 Memory Access Registers (ASRMAA, ASRMAD)

The Memory Access registers define the mode, address, and data for accessing the ASRC internal
memories and small internal registers banks. Use these registers to read/write the RAM/ROM contents,
configure the memory and filter options, and so on.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

22

Freescale Semiconductor



Asynchronous Sample Rate Converter

Offset |0xC Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R| MEMOPT[1:0] ADDR
W [12]
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 ‘ 3 2 1 0
R ADDRJ11:0]
W
Reset| 0 0 0 o | o 0 0 o | o 0 0 0
Figure 20-15. Memory Access Address Register (ASRMAA)
Offset |0xD Access: User Read/Write
23 22 21 20 ‘ 19 18 17 16 15 14 13 12
R DATA[23:12]
w
Reset| 0 0 0 o | o 0 0 o | o 0 0 0
11 10 9 8 ’ 7 6 5 4 ’ 3 2 1 0
R DATA[11:0]
w
Reset| 0 0 0 o | o 0 0 o | o 0 0 0
Figure 20-16. Memory Access Data Register (ASRMAD)
Table 20-15. Memory Access Address Register (ASRMAA)
Bit Field Description
23-22 MEMOPT | Chooses which part of the memory to read/write.
00 X memory
01 Y memory, this case is only supported when ASRC is not enabled.
11 Internal register banks.
10 Reserved
21-13 Reserved. Should be written as zero for compatibility.
12-0 ADDR | Selects the address for read/write.
Every read/write operation through ASRMAD will increase the address by 1; the updated address is
readable through this register.

When ASRMAA:MEMOPT([1:0] = 11; it means the accessing ASRMAD will actually be accessing the
small internal register bank. Currently this small register bank includes only two 14-bit registers (Register
0, Register 1):
* Register 0: TS7T6KHZ[13:0]: Read/Write. This value should be equal to Fsys (frequency of the
system clock, in Hz)/76000. The reset value is $0A47, which assumes that Fsys = 200 MHz.
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* Register 1: TS56KHZ[13:0]: Read/Write. This value should be equal to Fsys (frequency of the
system clock, in Hz)/56000. The reset value is $ODF3, which assumes that Fsys = 200 MHz.

These two small internal register bank registers help the ASRC internal logic decide the pre-processing
and the post-processing options automatically (see on page 20-8 and on page 20-12). To access these two
registers, first assign $C00000h to ASRMAA, then:

1. Read the ASRMAD register, which will give the value of TS7T6KHZ[13:0];
then read the ASRMAD register again, which will give the value of TSS56KHZ[13:0].

2. Write the ASRMAD register, to assign a value to TS76KHZ[13:0];
then write the ASRMAD register again, to assign a value to TS56KHZ[13:0].

20.2.2.10 Parameter Registers (ASRPM1-ASRPM5)

The Parameter registers determine the performance, and these registers are readable and writable. The
Parameter registers should be set before enabling the ASRC. Recommended values for the Parameter
registers are Table 20-16.

Table 20-16. Recommended Values for Parameter Registers

Register Offset | Access| Reset Value Recs;:::nd
asrcpmi 0x10 R/W 0x00_0000 | Ox7fffff
asrcpmz2 0x11 R/W 0x00_0000 | 0x255555
asrcpm3 0x12 R/W 0x00_0000 | Oxff7280
asrcpmé4 0x13 R/W 0x00_0000 | Oxff7280
asrcpmb 0x14 R/W 0x00_0000 | Oxff7280

20.2.2.11 ASRC Task Queue FIFO Register (ASRTFR1)

These registers define and show the parameters for the ASRC inner task queue FIFOs.

Offset

Reset

0x15 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
TF_FILL[6:0] TF_BA
| | | | | Senl
0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 ‘ 7 6 5 4 3 2 1 0
TF_BASE[11:6]
0 0 0 0 \ 0 0 0 0 0 0 0 0

Figure 20-17. ASRC Task Queue FIFO Register 1 (ASRTFR1)
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Table 20-17. ASRC Task Queue FIFO Register 1 (ASRTFR1)

Bit Field Description
23-20 Reserved. Should be written as zero for compatibility.
19-13 TF_FILL Display the entries of the task queue FIFO.
12-6 TF_BASE | Set and display the base address for the task queue FIFO. Recommended Value is: $7C.
5-0 Reserved. Should be written as zero for compatibility.
20.2.2.12 Channel Counter Register (ASRCCR)

The channel counter register (ASRCCR) is a 24-bit read/write register that sets and reflects the current
specific input/output FIFO being accessed through the Shared bus for each ASRC conversion pair.

Offset |0x17 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R ACOC ACOB ACOA
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R ACIC ACIB ACIA
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 20-18. Channel Counter Register (ASRCCR)

The bits definitions are shown in Table 20-18.

Table 20-18. Channel Counter Register (ASRCCR)

Bit

Field

Description

23-20

ACOC

The channel counter for Pair C’s output FIFO
These bits indicate the current channel being accessed through the Shared bus for Pair C’s output
FIFO’s usage. The value can be any value between [0, ANCC-1]

19-16

ACOB

The channel counter for Pair B’s output FIFO
These bits indicate the current channel being accessed through the Shared bus for Pair B’s output
FIFO’s usage. The value can be any value between [0, ANCB-1]

15-12

ACOA

The channel counter for Pair A’s output FIFO
These bits indicate the current channel being accessed through the Shared bus for Pair A’s output
FIFO’s usage. The value can be any value between [0, ANCA-1]

ACIC

The channel counter for Pair C’s input FIFO
These bits indicate the current channel being accessed through the Shared bus for Pair C’s input
FIFO’s usage. The value can be any value between [0, ANCC-1]
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Table 20-18. Channel Counter Register (ASRCCR) (continued)

Bit Field Description

7-4 ACIB The channel counter for Pair B’s input FIFO
These bits indicate the current channel being accessed through the Shared bus for Pair B’s input
FIFO’s usage. The value can be any value between [0, ANCB-1]

3-0 ACIA The channel counter for Pair A’s input FIFO
These bits indicate the current channel being accessed through the Shared bus for Pair A’s input
FIFO’s usage. The value can be any value between [0, ANCA-1]

20.2.2.13 ASRC Data Input and Output Registers

20.2.2.13.1 ASRC Data Input Register (ASRDIA-ASRDIC)

These are three 24-bit wide registers for writing data into the input data FIFOs.

20.2.2.13.2 ASRC Data Output Register (ASRDOA-ASRDOC)

These are three 24-bit wide register for reading data from the output data FIFOs.

20.3 Interrupts

The ASRC has several interrupt events. When the interrupt request is active, the interrupt vector has the
choices shown in Table 20-19.

Table 20-19. Interrupt Vectors

Offset Description

0x0 ASRC Pair A input data is needed.

0x2 ASRC Pair B input data is needed.

0x4 ASRC Pair C input data is needed.

0x6 ASRC Pair A output data is ready.

0x8 ASRC Pair B output data is ready.

OxA ASRC Pair C output data is ready.

0xC ASRC Overload

OxE ASRC FP Wait State

20.4 DMA Requests

ASRC has six DMA requests. The six DMA requests are directly connected to the lowest six status bits in
the ASRSTR register.
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Table 20-20. DMA Requests

Type Description
0 ASRC Pair A input data is needed.
1 ASRC Pair B input data is needed.
2 ASRC Pair C input data is needed.
3 ASRC Pair A output data is ready.
4 ASRC Pair B output data is ready.
5 ASRC Pair C output data is ready.

20.5 Functional Description

20.5.1 Algorithm Description

20.5.1.1 Signal Processing Flow

Input
Paths
x2 10
——»| UpSampling —be
Rate Expander § N\ Low-Pass Polyphase 5 e
pe Pre-Filter > Filter
Fsin—‘ FIR 11 taps
12
___________________________ Output
. Paths
' x2 Low-Pass ' 00 |
—®» UpSampling |— Hali-band ————»
___________________________ ' |Rate Expander FIR ! |
\ \ Post-Upsampling Filter |
: Low-pass 0.5 N T I eI I o1 |
P Half-band FIR | Down-Sampling ||
! Rate ! |
S Pre-Decimation Fiter | Lowpass <05 "
L .p| Half-band | p|Down-Sampling Iy
: FIR Rate : |
: Post-Decimation Filter : |
--------------------------- Fs,ut

Pre-Processing

Post-Processing

Figure 20-19. Signal Processing Configurations for ASRC
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Figure 20-19 shows the possible signal processing configurations for the ASRC. Each configuration
consists of 2 to 4 stages:

x2 up-sampling rate expander (zero insertion only) (Input path 10),

or direct connection (Input path I1),

or low-pass pre-decimation filter (consisting of a low-pass half-band FIR filter with x0.5
downsampling rate decimator) (Input path 12)

Low-pass pre-filter, the low-pass bandwidth is at most 0.25 x Fs, where Fs is the sampling rate of
the input signal to this low-pass pre-filter,

Polyphase filter

x2 post-upsampling filter (consisting of a x2 up-sampling rate expander (zero insertion only) with
low-pass half-band FIR filter) (Output path O0),

or direct connection (Output path O1),

or low-pass post-decimation filter (consisting of a low-pass half-band FIR filter with x0.5
downsampling rate decimator) (Output path O2).

By using different input and output paths, and different set-ups of the pre-filter, this ASRC scheme can be
used to handle different rate conversion requirements. See Table 20-21.

Table 20-21. Possible ASRC Configurations

Config I;:tl: O:;f: t Description

10 00 | The signal bandwidth observed before the polyphase filter is at most BW;, = Fs;,/2.
The signal sampling rate of the polyphase filter output is Fs oo = Fsg/2.

10 O1 | The signal bandwidth observed before the polyphase filter is at most BW;, = Fs;,/2.
The signal sampling rate of the polyphase filter output is Fsppout = Fsgut-

10 02 | The signal bandwidth observed before the polyphase filter is at most BW;, = Fs;,/2.
The signal sampling rate of the polyphase filter output is Fsppout = 2Fs -

11 00 | The signal bandwidth observed before the polyphase filter is at most BW,, = Fs;,/4.
The signal sampling rate of the polyphase filter output is Fsppout = Fs, /2.

11 O1 | The signal bandwidth observed before the polyphase filter is at most BW;, = Fs;,/4.
The signal sampling rate of the polyphase filter output is Fsppout = Fsyut-

1 02 | The signal bandwidth observed before the polyphase filter is at most BW;, = Fs;,/4.
The signal sampling rate of the polyphase filter output is Fs . = 2Fs ;.

12 00 | The signal bandwidth observed before the polyphase filter is at most BW;, = Fs;,/8.
The signal sampling rate of the polyphase filter output is Fs oy = Fsg,/2.
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Table 20-21. Possible ASRC Configurations (continued)

Config IS:;:: 0:;?: t Description
h 12 O1 | The signal bandwidth observed before the polyphase filter is at most BW,, = Fs;,/8.
The signal sampling rate of the polyphase filter output is Fsppout = Fsqut-
i 12 02 | The signal bandwidth observed before the polyphase filter is at most BW,, = Fs;,/8.
The signal sampling rate of the polyphase filter output is Fsppout = 2Fs -

The suggested paths of the pre-processing and post-processing operations w.r.t the standard sampling rates
shown in Table 20-22.

Table 20-22. : Pre-Processing, Post-Processing Options

{Pre_Proc, Fsout (kHz)
Post_Proc} 32 44.1 48 64 88.2 96 128 192
32 {0, 1} {0, 1} {0, 1} {0, 1} {0, 1} {0, 1} {0, 0} {0, 0}
441 {0, 2} {0, 1} {0, 1} {0, 1} {0, 1} {0, 1} {0, 0} {0, 0}
48 {0, 2} {0, 2} {0, 1} {0, 1} {0, 1} {0, 1} {0, 1} {0, 0}
Fsin 64 {1,2} {0, 2} {0, 2} {0, 1} {o, 1} {0, 1} {0, 1} {0, 0}
(kHz) | ggo | (1,2 {1,2) {1,2) | {1 (1, 1) (1,0
96 {1,2} {1,2} {1,2} {1,1} {1, 1} {1, 1} {1, 1} {1,1}
128 {1.2} {1.2} {1.2} {1, 1} {1, 1} {1, 1} {1,1} {1,1}
192 {2,2} {2,2} {2,2} {2,1} {2, 1} 2,1} 2,1} 2,1}
Comments:
In the {Pre_Proc, Post_Proc} pair, the meaning of the values {x, y}are:
Pre_Proc:
* 0 Pre-processing input path 10 as shown in Figure 20-19
¢ 1 Pre-processing input path 11 as shown in Figure 20-19
* 2 Pre-processing input path 12 as shown in Figure 20-19
* Post_Proc:
* 0 Post-processing output path O0 as shown in Figure 20-19
¢ 1 Post-processing output path O1 as shown in Figure 20-19
¢ 2 Post-processing output path O2 as shown in Figure 20-19

20.5.1.2

20.5.1.2.1

Miscellaneous Topics

Support of Physical Clocks

The device supports only physical sampling clocks. The clocks can be the clocks from SPDIF, ESAI, and

PLL.
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20.5.1.2.2 Physical Clock Source Selector and Divider

The DSP program can set the Clock Source Register (ASRCSR) and Clock Divider Registers (ASRCDRI,
ASRCDR?2) to choose the clock source and divide them to sample rate clock for internal use. See
Figure 20-20.

There is a restriction with the clocks: if the prescaler is set to 1, the Clock Divider can only be set to 1 and
the clock source duty cycle must be 50%.
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ESAI Rx

clock — AICDAO - AICDA2 AICPAO - AICPA2
ESAI-1 Rx ¢ ‘
gl Input Clock Input
» Divider A > Prescaler A —p» Input clock A
ESAI-2 Rx
clock » Input Clock Input
% | DiiderB [P Pprescalers [—® MPutclockB
ESAI-3 Rx Clocks
clock . MUX + 4
AICDBO - AICDB2 AICPBO - AICPB2
S/PIIDIFka Input Clock Input
cloc — Divider C —— Prescaler C g Input clock C
ASRCK1 )
from PLL
AICDCO - AICDC2 AICPCO - AICPC2
AICSAO- AICSA2
AICSBO - AICSB2
AICSCO - AICSC2
ESAI Tx
clock
ESAI-1 Tx AOCDAO - AOCDA2 AOCPAO - AOCPA2
clock
ESAI-2 Tx
Input Clock Output
sl —®| DividerA [P PrescalerA [ P Oz Bl
ESAI-3 Tx
Input Clock Output
clock — % DividerB | ™| PrescalerB > Output clock B Outout
utpu
S/PDIF Tx )
clock ? Clocks
ASRCK1 AOCDBO0 - AOCDB2 AOCPBO - AOCPB2
pin — Input Clock Output Outout clock C
P> DividerC » PrescalerCc [ °UP

! !

AOCDCO- AOCDC2 AOCPCO - AOCPC2

AOCSAO - AOCSA2
AOCSBO - AOCSB2
AOCSCO0 - AOCSC2

Figure 20-20. Clock Source Selector and Divider
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20.5.1.2.3 20.5.1.2.2 Configure ASRCDR1/ASRCDR2

Basically, ASRC processes the audio data at the same frequency as the sampling clock of the audio stream,
that is: with one audio sample input, there will be one iteration of rate conversion taking place inside the
ASRC logic. If the clock source selected from either ESAI, SPDIF, and so on is a multiple of the audio
sampling clock, it must be divided by the correct selection of ASRCDR factors.

For example, if a 3.072 MHz clock as ASRCKI1 (from PLL) is connected to ASRC pair A and its desired
audio sampling rate is 48 KHz, then the divide factor must be 64 (48 * 64 = 3.072K). Next, the ASRC
Clock Divide register can be configured with the following:

ASRCDRI1:AICDA =0 ; ASRCDR1:AIDPA = 0x6; ASRCDR?2 = 0;

For SPDIF:

e If S/PDIF is used as a receiver, the divide factor should be 128.

e If S/PDIF is used as transmitter, the divide factor should be 64.
For ESAI and PLL clock, the divide factor should be calculated according to the corresponding
configurations in the ESAI and PLL module, and the value can be obtained following the process of the

example shown previously. If the ESAI clock is from off-chip, then the ESAI Tx (Rx) clock in
Figure 20-20 is connected with the SCKT (SCKR) in ESAI module (Figure 9-3).
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Chapter 21
Chip Configuration Module

21.1 Introduction

The Chip Configuration module contains several registers which are used to select the features of the chip
and to control some peripheral devices’ pin switching or pin mux. Chip Configuration module features
includes:

* Controls Shared Bus Arbitration and EMC Burst Mode and EMC Burst Mode

* Pin Mux control of ESAI, HDI24 and S/PDIF Rx Clock output mux on ESAI HCKR pins
* Shared Peripherals soft reset triggering and auto de-assertion

* EMC phase-locked loop (PLL) control and status

21.1.1 Modes of Operation

The chip configuration registers can be accessed by both DSP cores.

21.2 Memory Map and Register Definition

Table 21-1 shows the memory map for all the chip configuration registers.

21.21 Memory Map
Table 21-1. Chip Configuration Module Memory Map

22:?;:; Register Access | Reset Value Section/Page
y:$FFFFE7 |Reserved R 0x00_0000 21.2.2.1/21-3
y:$FFFFE6 | External Memory Burst Control R/W 0x00_0000 21.2.2.3/21-3
y:$FFFFE5 | EMC PLL Status and Control R/W 0x00_0002 21.2.2.5/21-6
y:$FFFFE4 | Pin Mux Control R/W 0x00_0000 21.2.2.6/21-8
y:$FFFFE3 | ESAI Pin Switch Control R/W 0x00_0000 21.2.2.7/21-9
y:$FFFFE2 | Once Debug and Burst Control R/W 0x00_0000 21.2.2.8/21-12
y:$FFFFE1 | Shared Peripherals Soft Reset Control rwm 0x00_0000 21.2.2.9/21-13
y:$FFFFEOQ | Shared Bus Arbitration Mode Configuration R/W 0x00_0000 21.2.2.10/21-14

Table 21-2 shows the register summary table for Chip-configuration module.
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Table 21-2. CFG Register Summary
23 22 21 20 19 18 17 16 15 14 13 12
Name
11 10 9 8 7 6 5 4 3 2 1 0
Reserved | R
Y:FFFFE7
W
R
W
R
— EPMBC P Space Burst Boundary EYMBC
EMBC w
Y:FFFFE6
R
— Y Space Burst Boundary EXMBC X Space Burst Boundary
W
R | Iplock
LPSC w
Y:FFFFE5
R EMC PLL Power Down and
clock frequency divide
w control
PMC R PKG
Y:FFFFE4 ESAI, HCKR Pin Mux | spdout1_en | spdin1_en
w Select
R
W SPDIF&HDI24 Pin Mux Control Timer & HDI24 Pin Mux Control
EPSC R ESAI Pin Switch Control.1
Y:FFFFE3 [
W
R ESAI Pin Switch Control.0
W
R ONCE
ODBC 'w | Debug Enable
Y:FFFFE2
R
Burst Buffer Invalidate
w
PSRC R
Y:FFFFE1
w
R
W Soft Reset Control Bits
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Table 21-2. CFG Register Summary (continued)

23 22 21 20 19 18 17 16 15 14 13 12
Name
11 10 9 8 7 6 5 4 3 2 1 0
ARCR
Y:FFFFEO Shared Bus Arbiter Control

Shared Bus Arbiter Control

E‘IDEID

21.2.2 Register Descriptions

21.2.2.1 Reserved Register

This register is a 24-bit Read-only register. See Figure 21-1.

Address Y:FFFFE7 Access: User Read
23 22 21 20 19 18 17 16 15 14 13 12
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
1 10 9 8 7 6 5 4 3 2 1 0
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 21-1. Reserved Control Register

Table 21-3. Field Description

Bit Field Description

23-0 Reserved

21.2.2.2 EMBC (External Memory Burst Control) Register

21.2.2.3 EMBC Register
The EMBC Register is shown in Figure 21-2.
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Address Y:FFFFE6

Access: User Read/Write

23 22 21 20 19 18 17 16 15 14 13 12
R
EPMBC P Space Burst Boundary EYMBC
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
Y Space Burst Boundary EXMBC X Space Burst Boundary
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 21-2. External Memory Burst Buffer Control Register, DSP56720

Address Y:FFFFEG6

Access: User Read

23 22 21 20 19 18 17 16 15 14 13 12
R
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 21-3. EMBC Register, DSP56721
Table 21-4. Field Description, DSP56720
Field Descriptions
23-22 Burst control for external P memory space
EPMBC 00 Burst buffer is disabled for the access to external P address space
01 Burst buffer is enabled for the access to external P address space, except for external P
address space determined by P Space Burst Boundary
10 Burst buffer is enabled for any access to external P address space
11 Reserved
21-20 Reserved. Write 0 for future compatibility.
19-16 External peripherals P space base address. The external peripheral space is used to connect

P Space Burst Boundary

external I/O devices for which burst access is not needed. The external peripheral space is
determined by the address mapping shown in Table 21-5
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Table 21-4. Field Description, DSP56720

Field Descriptions
15-14 Burst control for external Y memory space
EYMBC 00 Burst buffer is disabled for the access to external Y address space

01 Burst buffer is enabled for the access to external Y address space, except for external Y
address space determined by Y Space Burst Boundary

10 Burst buffer is enabled for any access to external Y address space

11 Reserved

13-12 Reserved. Write 0 for future compatibility.

11-8 External peripherals Y space base address. The external peripheral space is used to connect
Y Space Burst Boundary | external I/O devices for which burst access is not needed. The external peripheral space is
determined by the boundary bits shown in Table 21-5

7-6 Burst control for external X memory space
EXMBC 00 Burst buffer is disabled for the access to external X address space
01 Burst buffer is enabled for the access to external X address space, except for X external
address space determined by X Space Burst Boundary
10 Burst buffer is enabled for any access to external X address space
11 Reserved

5-4 Reserved. Write 0 for future compatibility.

3-0 External peripherals X space base address. The external peripheral space is used to connect
X Space Burst Boundary | external I/O devices for which burst access is not needed. The external peripheral space is
determined by the address mapping shown in Table 21-5

Table 21-5. External Peripherals X,Y,P Space Set by Burst Boundary

External Device X,Y,P Burst Boundary Address Range Not Bursted
0000 $040000-$0FFFFF
0001 $100000-$1FFFFF
0010 $200000-$2FFFFF
0011 $300000-$3FFFFF
0100 $400000-$4FFFFF
0101 $500000-$5FFFFF
0110 $600000-$6FFFFF
0111 $700000-$7FFFFF
1000 $800000-$8FFFFF
1001 $900000-$9FFFFF
1010 $A00000-$AFFFFF
1011 $B00000-$BFFFFF
1100 $C00000-$CFFFFF
1101 $D00000-$DFFFFF
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Table 21-5. External Peripherals X,Y,P Space Set by Burst Boundary

External Device X,Y,P Burst Boundary Address Range Not Bursted
1110 $EO00000-$EFFFFF
1111 $FO0000-$F7FFFF

Table 21-6. Field Descriptions, DSP56721

Bit Field Description

23-0 Reserved | Write 0 for future compatibility.

21.2.24 LPSC (EMC PLL Status and Control) Register

21.2.2.5 LPSC Register
The LPSC Control Register is shown in Figure 21-4.

Address Y:FFFFE5 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R| Ipld
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
Iplipde | Ipllod1 | IpllodO
W
Reset 0 0 0 0 0 0 0 0 0 0 1 0

Figure 21-4. EMC PLL Status and Control Register (PSC), DSP56720
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Address Y:FFFFE5 Access: User Read

23 22 21 20 19 18 17 16 15 14 13 12

R

w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0

R

w
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 21-5. LPSC Register, DSP56721

Table 21-7. LPSC Field Description, DSP56720

Field Descriptions
Bit 23 EMC PLL Lock Detection Status bit.
Ipld 1 lock detected
0 lock undetected
Bit 22-3 Reserved. Write 0 for future compatibility
Bit 2 EMC PLL Power Down Enable
Iplipde 1 Power Down Enabled
0 Power Down Disabled
Bit 1-0 EMC PLL output clock frequency Divide Ratio.
Ipllod[1:0] 00 output clock not divided

01 output clock divided by 2
10 output clock divided by 4(default reset value)
11 output clock divided by 8

Table 21-8. Field Descriptions, DSP56721

Bit Field Description

23-0 Reserved | Write 0 for future compatibility.
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21.2.2.6 Pin Mux Control Register (PMC)

The PMC control register is shown in Figure 21-6.

Address Y:FFFFE4

Access: User Read/Write

23 22 21 20 19 18 17 16 15 14 13 12
R| PKG1 | PKGO spdout1 | spdin1_| HDI24_
W ERCS3 ERCO _en en en |shpmc6
Reset — — 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W shpmc5 | shpmc4 | shpme3 | shpmce2 | shpme1 | shpmcO thpmcO
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 21-6. Pin Mux Control Register
Table 21-9. PMC Field Descriptions
Bit Field Description
23-22 PKG[1:0] |Read-only Chip Package Info
2’b10 DSP56721 80-pin QFP package
2’b01 DSP56721 144-pin QFP package
2’b11 DSP56720 144-pin QFP package
The reset value of these 2 bits is determined by the product’s package.
21-20 Reserved | Write O for future compatibility.
19 ERC3 S/PDIF Rx Clock Output via ESAI_3 HCKR Pin Select
0 No S/PDIF clock output via HCKR_3 pin
1 Select the S/PDIF Rx clock output via the HCKR_3 pin other than external clock when the
corresponding ESAI External clock control bit is set.
Note: HCKR_3 pin is not available on DSP56721 80-pin packages.
18 Reserved
17 Reserved
16 ERCO S/PDIF Rx Clock Output via ESAI HCKR Pin Select
0 No S/PDIF clock output via HCKR pin
1 Select the S/PDIF Rx Clock output via the HCKR pin other than external clock when the
corresponding ESAI External clock control bit is set.
15 spdifout1_en | SPDIFOUT1 Pin Mux Control
1 ESAI_2’s data pin SDOS3/SDI2 is set to the SPDIFOUT1 function.
0 ESAI_2’s data pin SDO3/SDI2 is set to the ESAI_2 SDO3/SDI2 function.
Note: This bit only applies to DSP56721 80-pin packages.
14 spdifin1_en | SPDIFIN1 Pin Mux Control
1 ESAI_2’s data pin SDO2/SDI3 is set to the SPDIFIN1 function.
0 ESAI_2’s data pin SDO2/SDI3 is set to the ESAI_2 SDO2/SDI3 function.
Note: This bit only applies to the DSP56721 80-pin package.
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Table 21-9. PMC Field Descriptions (continued)

Bit Field Description
13 HDI24_en | HDI24 24-Bit Mode Enable
0 HDI24 24-bit mode enable bit is forced low, and HDI24 works in 8-bit mode.
1 HDI24 24-bit mode enable bit is configured by users. (See Chapter 12, “Host Data Interface (HDI24,
HDI24_1)".)
Note: HDI24 is only present on the DSP56721 144-pin package (with a maximum of 16 data bits).
12 shpmc6 S/PDIF & HDI24 Pin Mux Control (see Figure 21-15)
1 HDI24 (HDI24_1) HD14 function is selected for the SPLOCK/HD14/PG15 pin.
0 S/PDIF splock function is selected for this pin.
Note: The S/PDIF or HDI24 pin function is available when PG[15] is set to function mode.
This pin is only available on DSP56721 144-pin packages.
11 shpmc5 S/PDIF & HDI Pin Mux Control (see Figure 21-15)
1 HDI24 (HDI24_1) HD13 function is selected for the SPDIFOUT2/HD13/PG14 pin.
0 S/PDIF spdifout2 function is selected for this pin.
Note: The S/PDIF or HDI24 pin function is available when PG[14] is set to function mode.
This pin is only available on DSP56721 144-pin packages.
10 shpmc4 S/PDIF & HDI Pin Mux Control (see Figure 21-15)
1 HDI24 (HDI24_1) HD12 function is selected for the SPDIFOUT1/HD12/PG13 pin.
0 S/PDIF spdifout1 function is selected for this pin.
Note: The S/PDIF or HDI24 pin function is available when PG[13] is set to function mode.
This pin is not available on DSP56721 80-pin packages.
9 shpmc3 1 HDI24 (HDI24_1) HD11 function is selected for the SPDIFIN1/HD11/PG12 pin.
0 S/PDIF spdifin1 function is selected for this pin.
Note: The S/PDIF or HDI24 pin function is available when PG[12] is set to function mode.
This pin is only available on DSP56721 144-pin packages.
8 shpmc2 1 HDI24 (HDI24_1) HD10 function is selected for the SPDIFIN3/HD10/PG11 pin.
0 S/PDIF spdifin3 function is selected for this pin.
Note: The S/PDIF or HDI24 pin function is available when PG[11] is set to function mode.
This pin is only available on DSP56721 144-pin packages.
7 shpmc1 1 HDI24 (HDI24_1) HD9 function is selected for SPDIFIN2/HD9/PG10 pin.
0 S/PDIF spdifin2 function is selected for this pin.
Note: The S/PDIF or HDI24 pin function is available when PG[10] is set to function mode.
This pin is only available on DSP56721 144-pin packages.
6 shpmcO 1 HDI24 (HDI24_1) HD8 function is selected for the SPDIFIN1/HD8/PG9 pin.
0 S/PDIF spdifin1 function is selected for this pin.
Note: S/PDIF or HDI24 pin function is available when PG[9] is set to function mode.
This pin is not available on DSP56721 80-pin packages.
5-1 Reserved
0 thpmcO Timer and HDI24 pin Mux Select
1 TIO0/HD15 pin used by HDI24 (HDI24_1)
0 Used by the TEC.
Note: This pin is only available on DSP56721 144-pin packages.

21.2.2.7 ESAI Pin Switch Control Register (EPSC)
The EPSC register is shown in Figure 21-7.
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Address Y:FFFFE3

Access: User Read

23 22 21 20 19 18 17 16 15 14 13 12
R
W PSE23 | PSE22 | PSE21 | PSE20 | PSE19 | PSE18 | PSE17 | PSE16 | PSE15 | PSE14 | PSE13 | PSE12
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W PSE11 | PSE10 | PSE9 | PSE8 | PSE7 | PSE6 | PSE5 | PSE4 | PSE3 | PSE2 | PSE1 | PSEO
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 21-7. ESAI Pin Switch Control Register (EPSC)
Table 21-10. EPSC Field Descriptions
Field Description
Pin Switch Control bits for ESAI_1 Pin SDOO0_1 and ESAI_3 Pin SDOO0_3
PSE[23] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin SDO1_1 and ESAI_3 Pin SDO1_3
PSE[22] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin SDI3_1/SD0O2_1 and ESAI_3 Pin SDI3_3/SD0O2_3
PSE[21] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin SDI2_1/SDO3_1 and ESAI_3 Pin SDI2_3/SD0O3_3
PSE[20] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin SDI1_1/SDO4_1 and ESAI_3 Pin SDI1_3/SD04_3
PSE[19] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin SDI0O_1/SDO5_1 and ESAI_3 Pin SDI0_3/SDO5_3
PSE[18] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin HCKT_1 and ESAI_3 Pin HCKT_3
PSE[17] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin FST_1 and ESAI_3 Pin FST_3
PSE[16] 0 Pin Switch Disabled
1 Pin Switch Enabled
Pin Switch Control bits for ESAI_1 Pin SCKT_1 and ESAI_3 Pin SCKT_3
PSE[15] 0 Pin Switch Disabled
1 Pin Switch Enabled
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Table 21-10. EPSC Field Descriptions (continued)

Field Description

Pin Switch Control bits for ESAI_1 Pin HCKR_1 and ESAI_3 Pin HCKR_3
PSE[14] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI_1 Pin FSR_1 and ESAI_3 Pin FSR_3
PSE[13] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI_1 Pin SCKR_1 and ESAI_3 Pin SCKR_3
PSE[12] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin SDOO0 and ESAI_2 Pin SDOQ0_2
PSE[11] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin SDO1 and ESAI_2 Pin SDO1_2
PSE[10] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin SDI3/SDO2 and ESAI_2 Pin SDI3_2/SD0O2_2
PSE[9] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin SDI2/SDO3 and ESAI_2 Pin SDI2_2/SD0O3_2
PSE[8] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin SDI1/SDO4 and ESAI_2 Pin SDI1_2/SD0O4_2
PSE[7] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin SDI0/SDO5 and ESAI_2 Pin SDI0_2/SDO5_2
PSE[6] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin HCKT and ESAI_2 Pin HCKT
PSE[5] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin FST and ESAI_2 Pin FST
PSE[4] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin SCKT and ESAI_2 Pin SCKT
PSE[3] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin HCKR and ESAI_2 Pin HCKR
PSE[2] 0 Pin Switch Disabled
1 Pin Switch Enabled

Pin Switch Control bits for ESAI Pin FSR and ESAI_2 Pin FSR
PSE[1] 0 Pin Switch Disabled
1 Pin Switch Enabled
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Table 21-10. EPSC Field Descriptions (continued)

Field Description

Pin Switch Control bits for ESAI Pin SCKR and ESAI_2 Pin SCKR
PSEJ[0] 0 Pin Switch Disabled

1 Pin Switch Enabled

Note: See the product pin-out information for using these bits to switch the available pins on the DSP56720 or DSP56721.

21.2.2.8 ONCE Debug and Burst Control Register (ODBC)
The ODBC Control Register is shown in Figure 21-9.

Address Y:FFFFE2

Access: User Read/Write

23 22 21 20 19 18 17 16 15 14 13 12

R

ODRE1 | ODREO

w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0

R

IWB1 | IRB1 | IWBO | IRBO

w

Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 21-8. ONCE Debug and Burst Control Register (ODBC)

Address Y:FFFFE2

Access: User Read/Write

23 22 21 20 19 18 17 16 15 14 13 12
R
w| ODRE1 | ODREO
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
IWB3 | IwB2 | IWB1 IWBO
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 21-9. ONCE Debug and Burst Control Register (ODBC)
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Table 21-11. ODBC Field Descriptions

Bit Field Description

23 ODRE1 |ONCE Debug Request from Core-1 to Core-0
0 Disable ONCE Debug Request from Core-1 to Core-0
1 Enable ONCE Debug Request from Core-1 to Core-0

22 ODREO |ONCE Debug Request from Core-0 to Core-1
0 Disable ONCE Debug Request from Core-0 to Core-1
1 Enable ONCE Debug Request from Core-0 to Core-1

21-4 | Reserved | Write 0 for future compatibility.

3 IWB1 | Invalidating the write buffer of Core-1(DMA 1)

0 Not invalidating the write buffer of Core-1(DMA 1)

1 invalidating the write buffer of Core-1(DMA 1)

Writing 1 to this bit will invalidate the write-buffer of Core-1(DMA 1), and it is automatically cleared
by hardware when Core-1(DMA 1) write-buffer invalidation acknowledge asserted

2 IRB1 Invalidating the read buffer of Core-1(DMA 1)

0 Not invalidating the read buffer of Core-1(DMA 1)

1 Invalidating the read buffer of Core-1(DMA 1)

Writing 1 to this bit will invalidate the read-buffer of Core-1(DMA 1), and it is automatically cleared
by hardware when Core-1(DMA 1) read-buffer invalidation acknowledge asserted

1 IWBO | Invalidating the write buffer of Core-O(DMA 0)

0 Not invalidating the write buffer of Core-0(DMA 0)

1 invalidating the write buffer of Core-0(DMA 0)

Writing 1 to this bit will invalidate the write-buffer of Core-0(DMA 1), and it is automatically cleared
by hardware when Core-1(DMA 1) write-buffer invalidation acknowledge asserted.

0 IRBO | Invalidating the read buffer of Core-0(DMA 0)

0 Not invalidating the read buffer of Core-0(DMA 0)

1 Invalidating the read buffer of Core-0(DMA 0)

Writing 1 to this bit will invalidate the read-buffer of Core-0(DMA 0), and it is automatically cleared
by hardware when Core-0(DMA 0) read-buffer invalidation acknowledge asserted.

21.2.2.9 Peripheral Soft Reset Control Register (PSRC)
The PSRC Control Register is shown in Figure 21-10.

Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1

Freescale Semiconductor 13



Chip Configuration Module

Address Y:FFFFE1 Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
W
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W PSRC2 | PSRC1 | PSRCO
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 21-10. Peripheral Soft Reset Control Register (PSRC)

Table 21-12. PSRC Field Description

Bit Field Description

23-3 Reserved | Write O for future compatibility.

2 PSRC2 ASRC Soft Reset Trigger Bit
Writing 1 to this bit will cause a soft reset of the ASRC Block; the reset period is 6 system clock cycles.
This bit is cleared by hardware after the reset period reaches 6 system clock cycles.

1 PSRCH1 EMC Soft Reset Trigger Bit
Writing 1 to this bit will cause a soft reset of the EMC module; the reset period is 6 system clock cycles.
This bit is cleared by hardware after the reset period reaches 6 system clock cycles.

0 PSRCO S/PDIF Soft Reset Trigger Bit
Writing 1 to this bit will cause a soft reset of the S/PDIF Block; the reset period is 6 system clock cycles.
This bit is cleared by hardware after the reset period reaches 6 system clock cycles.

21.2.2.10 Arbiter Control Register (ARCR)
The ARCR Control Register is shown in Figure 21-11.
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Address Y:FFFFEO

Access: User Read/Write

23 22 21 20 19 18 17 16 15 14 13 12
R
W SAC9 SAC8 SAC7 SAC6
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W SAC5 SAC4 SAC3 SAC2 SAC1 SACO
Reset 0 0 0 0 0 0 0 0 0 0 0 0
Figure 21-11. Arbiter Control Register (ARCR)
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Table 21-13. ARCR Field Descriptions

Bit Field Description

23-20 Reserved | Write O for future compatibility.

19-18 SAC9 Shared bus arbitration method select for accessing external memories.

17-16 SACS8 Shared Bus Arbiter arbitration method select for peripherals on the shared

peripherals bus.

15-14 SAC7 Shared Bus Arbiter arbitration method select for shared memory block 7

13-12 SAC6 Shared Bus Arbiter arbitration method select for shared memory block 6

11-10 SAC5 Shared Bus Arbiter arbitration method select for shared memory block 5
9-8 SAC4 Shared Bus Arbiter arbitration method select for shared memory block 4
7-6 SAC3 Shared Bus Arbiter arbitration method select for shared memory block 3
5-4 SAC2 Shared Bus Arbiter arbitration method select for shared memory block 2
3-2 SACH1 Shared Bus Arbiter arbitration method select for shared memory block 1
1-0 SACO Shared Bus Arbiter arbitration method select for shared memory block 0

SACnN[1:0] controls the arbitration method for different peripherals:

2’bx0 Round-robin method is always used.
2’b11 DSP-0 (Core-0) always gets the priority.
2’b01 DSP-1 (Core-1) always gets the priority.

21.3 Programming Model

The Chip Configuration module provides R/W registers used to configure some features of the chip, such
as peripherals pin-switching, Shared Bus arbitration mode selection, and peripherals pin mux control.
Some of the peripherals’ soft reset can also be triggered by writing to the PSRC register.

This section describes the pin-switching/muxing functions for ESAIs, SHIs, S/PDIF, TECs and HDI24s.
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21.3.1

ESAI
GPIO
Port C

ESAI_1
GPIO
Port E

ESAI_2
GPIO
Port C_2

ESAI_3
GPIO
Port E_2

Chip Configuration Module

ESAI/ESAI_1/ESAI_2/ESAI_3 Pin-Switching and Internal
Connections

Controlled by EICCR registers
on Core-0 peripheral bus

< . =ESAI
esai &
clock signal ESAI 1
internal
Clock
Connect
< : »control
esai_1
clock signal
< »ESAI_2
esai_2 &
clock signal ESAI_3
internal
Clock
Connect
< . p-control
esai_3
clock signal

An ESAI, ESAI_2 pin Switch

4—‘—% Control bit in EPSC register ~ Chip-level
< » ESAI Clock
»0
An ESAI_1, ESAI_3 pin Switch .
" = pin SWiG Chip-level

Control bit in EPSC register

<
d
«

—»0

» ESAI_1 Clock

An ESAI, ESAI_2 pin Switch

Control bit in EPSC register Chip-level

» ESAI_2 Clock

<« >KO‘

»0

An ESAI_1, ESAI_3 pin Switch
< ¢ > O\D Control bit in EPSC register
<

L——0

Chip-level
»ESAI_3 Clock

Controlled by EICCR _1 registers
on Core-1 peripheral bus

Figure 21-12. ESAI Internal Clock Connections and Pin-Switching

21.3.2 SPDIF, TEC, HDI24, HDI24_1 Pin Mux

HDI24 and HDI24_1 pin mux controlled by

HDI24_SEL/PG18 pin input

o
K«—» Pin Mux «—» HDI24/HDI24_1 pin

—————»0 chip level
with other

peripheral’s pins

HDI24/

GPIO < _

Port B 1-bit
HDI24/signal

HDI24_1/

GPIO < i

Port B1 1-bit )
HDI24_1/signal

Figure 21-13. HDI24 and HDI24_1 Pin Mux

Each of the HDI24 and HDI24_1’s signals should be provided with access to the external pins via an
externally-controlled mux as shown in Figure 21-13. An externally-controlled signal is provided via the
HDI24_SEL/PG18 pin. When the HDI24_SEL/PG18 pin is pulled low in its function mode, the HDI24
signals are connected to the external pins. When the HDI24_SEL/PG18 pin is pulled high, the HDI24_1
signals are connected to the external pins.
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In smaller packages (DSP56721 80-pin, DSP56720 144-pin), the HDI pins are not supported. In larger
packages (DSP56721 144-pin), the HDI pins are supported. The HDI24_sel/PG18 pin is used to select
which HDI24 to use these pins. For choosing the HDI24_1 to use the HDI24 pins, the PG18 pin should be
set as its function mode, and drive high on HDI24_sel_pg18 pin, otherwise HDI24_1 can not be selected
to use the 32 HDI24 pins. In other words, PG18 GPIO function and HDI24_1 can not be used at the same
time, but PG18 and HDI24 can be used at the same time because HDI24 is selected in default to use the
32 pins. To use the HDI24 function, the mux control bits for HDI24 in PMC register should also be set as
HDI24 function, and corresponding PG GPIO should be set as function mode.

HDI24 Pins
32 Pins

r — — — — — -HDI24 SEL

HDI24 1

f

HDI24

(e]
—

Figure 21-14. HDI24/HDI24_1 on DSP56721 144-Pin

Note that the DSP56721 144-pin package is limited to a maximum of 16 data bits.

For the HDI24 pins that are multiplexed with other blocks like SPDIF and Timer, the pin mux logic is
controlled by the PMC[12:0] register bits. Figure 21-15 and Figure 21-16 show the connections and

control bits.

HDI24 & HDI24_1 Pin

HDI24/ Mux controlled by
GPIO Port B 1-bit HDI24 signal HDI24. SEL/PG18 pin hipevel
} .
s . PortG ~ SPDIF/HDI24 pin
————————»0 Pin Mux

HDI24_1/ —
GPIOPort B1 4 SPDIF & HDI24 pin onroec by

-bi i Port G ist

1-bit HDI24_1 signal mux control by bits in ort registers
PMC[12:6]

SPDIF 1-bit SPDIF signal

Figure 21-15. SPDIF, HDI24, HDI24_1 Pin Mux
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HDI24/ HDI24 & HDI24_1 pin
GPIO Port B 1-bit HDI24 signal mux control; by HDI24_sel/PG18 pin
4’ 3
Ko chip-level
TEC/HDI24
————»0 < X >
HDI24_1/ >~ shared pin
GPIO Port B1 |

1-bit HDI24_1 signal

TEC & HDI24 pin
mux control; by bits in
PMCI[5:0]

TEC or TEC1) 557G signai

Figure 21-16. Timer, HDI24, HDI24_1 Pin Mux

Upon reset, the HDI24 pin function is disabled. The TEC, S/PDIF, or Port G functions can be used by
setting the corresponding registers in the Timer module and in the Port G pin function control registers. To
use the HDI24 function, disable Timer and Port G, and set the corresponding bits in the PMC register, and
the corresponding PG pins in function mode (prrg[i] == pcrg[i] == 1).

NOTE

The descriptions and figures of HDI, S/PDIF, TEC pin mux apply to the
DSP56721 144-pin packages only.

21.3.3 ESAI 2 Data and SPDIF Data Pin Mux

In DSP56721 80-pin packages, the SPDIFIN1 input is multiplexed with ESAI_2’s SDO2_SDI3 pin, and
SPDIFOUTT is multiplexed with ESAI_2’s SDO3_SDI2 pin. Figure 21-17 and Figure 21-18 show the
connection.

HDI24,PG,
SPDIF pin mux

SPDIFIN1 not available on
DSP56721 80-pin packages.

“—>

SPDIF " SPDIFINT

Control by PMC[14]

esai pin
ESAL2 | sdo2_2/sdi3_2 signal

Chip ESAI_2 SDO2_2/SDI3_2 pin

Figure 21-17. SPDIFIN1 and ESAI Pin Mux in 80-Pin Packages

In DSP56721 80-pin packages, the PMC[14] bit enables/disables the pin mux of the SPDIFIN1 and
ESAI_2 SDO2_2/SDI3_2 pins. When the PMC[14] bit is set (1), the shared ESAI_2 SDO2_2/SDI3_2 pin
is used as the SPDIFIN1 input and the ESAI_2 output on this pin is disabled. When the PMC[14] bit is
cleared (0), this pin is controlled by ESAI_2.
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. HDI24,.PG,
SPDIF pin mux
SPDIFOUTT1 not available on

DSP56721 80-pin packages.

v

SPDIF

SPDIFOUT1

Controlled by PMC[15]

ESAL2 |la—p COAIPIN 4—/'O

switch sdo3_2/sdi2_2 signal

»

Chip ESAI_2 SDO3/SDI2 pin "
Figure 21-18. SPDIFOUT1 and ESAI_2 Pin Mux In 80-Pin Packages

In DSP56721 80-pin packages, the PMC[15] bit enables/disables the pin mux of the SPDIFOUT1 and
ESAI_2 SD03_2/SDI2_2 pins. When the PMC[15] bit is set (1), this shared ESAI_2 pin is used as the
SPDIFOUTT output and the ESAI_2 input on this pin is disabled. When the PMC[15] bit is cleared, this
pin is controlled by ESAI_2.

21.3.4 Soft Reset

The chip configuration module contains a soft reset control register used for triggering soft reset to
different shared peripherals. The bit definitions of the PSRC register describes the functionality of each bit
that will trigger a soft reset to its corresponding peripheral. Writing “1” to a specific bit of the PSRC
register will cause a soft reset of the corresponding peripheral. The PSRC register bit will be cleared
automatically by hardware after the reset period reaches the predefined number of reset cycles, which is
six system clock cycles.

21.3.5 Reset

Hardware reset can put all the registers to a known state. All registers are reset to their default value
asynchronously.

21.3.6 ESAI Pin Switch and Internal Clock Connections

In the DSP56720/DSP56721 devices, new features for ESAI clock and data input/output have been added.
The ESAI internal clock connection control bits are implemented in an ESAI Internal Clock Control
Register. Both DSP cores have their own ESAI Internal Clock Control Register (EICCR and EICCR_1
respectively).
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Address Y:FFFFCA Access: User Read/Write
23 22 21 20 19 18 17 16 15 14 13 12
R
w
Reset 0 0 0 0 0 0 0 0 0 0 0 0
11 10 9 8 7 6 5 4 3 2 1 0
R
W HCKR1 |HCKRO | HCKT1 | HCKTO | FSR1 | FSRO | FST1 FSTO | SCKR1|SCKRO | SCKT1 | SCKTO
Reset 0 0 0 0 0 0 0 0 0 0 0 0

Figure 21-19. ESAI Internal Clock Control Register (EICCR for Core-0, EICCR_1 for Core-1)

Table 21-14. EICCR Field Descriptions

Bit Field

Description

23-12 Reserved

11-10 | HCKR[1:0]

ESAI HCKR clock internal connect control
Controls the HCKR clock direction between ESAI and ESAI_1. For Core-1, it controls the HCKR clock
direction between ESAI_2 and ESAI_3. Core-0 and Core -1 have these bits respectively.

9-8 | HCKT[1:0]

ESAI HCKT clock internal connect control
Controls the HCKT clock direction between ESAI and ESAI_1. For Core-1, it controls the HCKT clock
direction between ESAI_2 and ESAI_3. Core-0 and Core-1 have these bits respectively.

7-6 FSR[1:0]

ESAI FSR clock internal connect control
Controls the FSR clock direction between ESAI and ESAI_1. For Core-1, it controls the FSR clock
direction between ESAI_2 and ESAI_3. Core-0 and Core-1 have these bits respectively.

5-4 FST[1:0]

ESAI FST clock internal connect control
Controls the FST clock direction between ESAI and ESAI_1. For Core-1, it controls the FST clock
direction between ESAI_2 and ESAI_3. Core-0 and Core-1 have these bits respectively.

3-2 | SCKR[1:0]

ESAI SCKR clock internal connect control
Controls the SCKR clock direction between ESAI and ESAI_1. For Core -1, it controls the SCKR clock
direction between ESAI_2 and ESAI_3. Core-0 and Core-1 have these bits respectively.

1-0 SCKT[1:0]

ESAI SCKT clock internal connect control
Controls the SCKT clock direction between ESAI and ESAI_1. For Core-1, it controls the SCKT clock
direction between ESAI_2 and ESAI_3. Core-0 and Core-1 have these bits respectively.
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Table 21-14. EICCR Field Descriptions (continued)

Bit Field Description

Functional Description of the two control bits for ESAI and ESAI_1 Clocks:

00 Default value, internal clock connection is disabled.

01 Internal clock connection is disabled.

10 ESAI clock is connected with ESAI_1; ESAI controls (in/out) the clock pin; ESAI_1’s corresponding clock pins
should be set as input pins.

11 ESAI clock is connected with ESAI_1; ESAI_1 controls (in/out) the clock pin; ESAI’'s corresponding clock pins
should be set as input pins.

Note: In small packages (DSP56721 80-pin, DSP56720 144-pin), ESAI_1’s Clock pins will not be available by default.

Functional Description of the two control bits for ESAI_2 and ESAI_3 Clocks:

00 Default value, internal clock connection is disabled.

01 Internal clock connection is disabled.

10 ESAI_2 clock is connected with ESAI_3; ESAI_2 controls (in/out) the clock pins; ESAI_3’s corresponding clock
pins should be set as input pins.

11 ESAI_2 clock is connected with ESAI_3; ESAI_3 controls (in/out) the clock pin; ESAI_2’s corresponding clock
pins should be set as input pins.

Note: In small packages (DSP56721 80-pin, DSP56720 144-pin), ESAI_2’s Clock pins will not be available by default.

21.3.6.1 ESAIl and ESAI _1 Internal Clocks Connections

In DSP56721 80-pin and DSP56720 144-pin packages, the following pins are available for transferring
data:

* 6 ESAI clocks and 4 data pins

* 6 ESAI_3 clocks and 4 data pins (DSP56721 80-pin package also does not have HCKR_3)

e 4 data pins of ESAI_1 (SDIO_1/SDO5_1, SDI1_1/SDO4_1, SDI2_1/SDO3_1, SDI3_1/SD0O2_1)
* 4 data pins of ESAI_2 (SDI0_2/SDO5_2, SDI1_2/SD04_2, SDI2_2/SDO03_2, SDI3_2/SD02_2)

The ESAI_1’s clock pins and ESAI_2’s clock signals can be internally connected as shown in

Figure 21-20. In DSP56721 144-pin packages, the HCKR_1, HCKT_1, HCKR_2, and HCKT_2 pins are
not available; but these signals can be internally connected to the HCKR, HCKT, HCKR_3 and HCKT_3
pins. In DSP56721 80-pin package and DSP56720 144-pin packages, 6 ESAI clocks and 4 data pins, 6
ESAI_3 clocks and 4 data pins, and only 4 data pins of ESAI_1 (SDIO_1/SDOS5_1,
SDI1_1/SD0O4_1,SDI2_1/SDO3_1, SDI3_1/SDO2_1), 4 data pins of
ESAI_2(SDI0O_2/SDO5_2,SDI1_2/SD0O4_2,SDI2_2/SDO03_2,SDI3_2/SD02_2) are available for data
transferring. The ESAI_1’s clock pins and ESAI_2’s clock signals can be internally connected as shown
in Figure 21-20.

When using ESATI’s internal clock connection functions, do not enable the ESAI pin switch function.
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Figure 21-20. ESAI Pin-Out and Internal Clock Connection

Each clock internal connection is controlled by the EICCR register, and DSP Core-0 and Core-1 both have
an EICCR register. DSP Core-0’s EICCR register controls the ESAI and ESAI_1 clocks internal
connection. DSP Core-1’s EICCR register controls the ESAI_2 and ESAI_3 clocks internal connection.
There are two bits for each clock internal connection control, described in Table 21-15.

Table 21-15. Internal Clock Connections Between ESAI and ESAI_1

EICCR: Description See
CLOCK_NAME[1:0] P

0 0 This is the default value after chip reset; there is no internal clock connection between
ESAIl and ESAI_T1. Figure 21-21

0 1 No internal clock connection is between ESAI and ESAI_1.

1 0 ESAI_1 clock is connected with ESAI; ESAI controls (in/out) the clock pin; the clock | Figure 21-22
signal is also input to ESAI_1 block; ESAI_1’s corresponding clock pins should be set
as input.

1 1 ESAI clock is connected with ESAI_1; ESAI_1 controls (in/out) the clock pin; the clock | Figure 21-23
signal is also input to ESAI block; ESAI's corresponding clock pins should be set as
input.
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Table 21-16. Internal Clock Connections Between ESAI_2 and ESAI_3

EICCR:

CLOCK NAMET1:0] Description See
0 0 This is the default value after chip reset; there is no internal clock connection between
ESAI_3 and ESAI_2. Figure 21-24
0 1 No internal clock connection is between ESAI_3 and ESAI_2.
1 0 ESAI_3 clock is connected with ESAI_2; ESAI_2 controls (in/out) the clock pin; the | Figure 21-25

clock signal is also input to ESAI_3 block; ESAI_3’s corresponding clock pins should
be set as input.

1 1 ESAI_2 clock is connected with ESAI_3; ESAI_3 controls (in/out) the clock pin; the | Figure 21-26
clock signal is also input to ESAI_2 block; ESAI_2’s corresponding clock pins should
be set as input.

The following figures show the internal clock connection between ESAI and ESAI_1 under different clock
connection control bits settings. These figures are also applicable to each of the 6 ESAI/ESAI 1 clocks.

Table 21-17. ESAI and ESAIL_1 Internal Clock Connections

Internal Clock Connection See
No Internal Clock Is Connected Between ESAI and ESAI_1: 0x Figure 21-21
An Internal Clock Is Connected Between ESAI and ESAI_1: 10 Figure 21-22
An Internal Clock Is Connected Between ESAI and ESAI_1: 11 Figure 21-23

ESAI and ESAI_A1

Internal Clock Connect Control = 0x
ESAI r— = T 7 =" 1
GPIO Port C 4 ESATClock signal

O\O{'—» ESAI clock signal, to pin switch
control logic with ESAI_2 block

ESAI_1

GPIO Port E “ESAIT clock signal control logic with ESAI_3 block

I
I
| . o
O/O< | » ESAI clock signal to pin switch
a

This is the default internal clock connection for ESAI and ESAI_1. Under this setting, ESAl and
ESAI_1 clock signals are connected to their own clock pins before switching.

Figure 21-21. No Internal Clock Is Connected Between ESAIl and ESAI_1: 0x
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When the clock connect control bits are set to “10”, the ESAI_1 clock should be set as input. ESAI_1’s
clock comes from the ESAI clock pin, regardless of whether the ESAI clock pin is set to input or output.

Figure 21-22. An Internal Clock Is Connected Between ESAI and ESAI_1: 10
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GPIO Port C ESAI clock signal |
|
|
[
ESAI_1 ! o<
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—_—_——_— —_— —_ — =

When the clock connect control bits are set to “11”, ESAI_1 controls the ESAI clock pin, to input or output
the ESAI_1’s clock signal; the ESAI clock should be set as input, because signals come from this pin.

When these clock pins are used as GPIO ports, the clock connection control bits should be set as 0.

Figure 21-23. An Internal Clock Is Connected Between ESAI and ESAI_1: 11

21.3.6.2

ESAI_2 and ESAI_3 Internal Clock Connections

The following figures show the internal clock connections between ESAI_2 and ESAI_3 under different
clock connection control bits settings. These figures are also applicable to each of the 6 ESAI_2/ESAI_3

clocks.

Table 21-18. ESAI_2 and ESAI_3 Internal Clock Connections

Internal Clock Connection See
ESAI_2/ESAI_3 Internal Clock Connection Is Disabled: Ox Figure 21-24
An Internal Clock Is Connected Between ESAI_2 and ESAI_3: 10 Figure 21-25
An Internal Clock Is Connected Between ESAI_2 and ESAI_3: 11 Figure 21-26
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ESAI_2 and ESAI_3

Internal Clock Connect Control = 0x

ESAI_3 r
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ESAI_2 ) !
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O\O4I—>ESAI_3 clock signal, to pin switch

control logic with ESAI_1 block
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» ESAI_2 clock signal to pin switch
control logic with ESAI block

As shown here, the internal clock connection is disabled. ESAI_2 and
ESAI_3 control their own clock signals before switching.

Figure 21-24. ESAI_2/ESAI_3 Internal Clock Connection Is Disabled: 0x

ESAI_2 and ESAIL_3
Internal Clock Connect Control = 10

ESAI_3 R N !

GPIOPortE1 | ™ESAIS clock signal : 2/04:—> ESAI_3 clock signal, to pin switch
control logic with ESAI_1 block
I I
I I
ESAI 2 | J < } » ESAI_2 clock signal to pin switch
GPIO Port C1  [¥ESAI2 clock signal | | control logic with ESAI block

When the clock connect control bits are set to “10”, ESAI_3 clock should be set as input. ESAI_3’s clock
comes from the ESAI_3 clock pin, but input or output state of this pin is controlled by ESAI_2.

Figure 21-25. An Internal Clock Is Connected Between ESAI_2 and ESAI_3: 10

ESAI_2 and ESAIL_3
Internal Clock Connect Control = 11

r—— - — — a
ESAI_3 | |
GPIO PortE1 | ¢ ol *—aE
ESALS clock signal | [ ESAI_3 clock signal, to pin switch
| 0 | control logic with ESAI_1 block
| I
ESAI_2 I v J O« I » ESAI_2 clock signal to pin switch
— i b . .
GPIO Port C1 | "ESAI_2 clock signal | L~ | control logic with ESAI block
,
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When the clock connect control bits are set to “11”, ESAI_3 controls the ESAI_3 clock pin, to input or
output the ESAI_3’s clock signal. ESAI_2 clock should be set as input to get the clock that comes from
either pin or from the ESAI_3 block.

When these clock pins are used as GPIO ports, the clock connection control bits should be set as 0.

Figure 21-26. An Internal Clock Is Connected Between ESAI_2 and ESAI_3: 11
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Chapter 22

External Memory Controller (EMC)

22.1 Introduction

The External Memory Controller (EMC) provides a seamless interface to many types of memory devices
and peripherals over a shared address and data bus and dedicated control signals. The memory controller
in the EMC is responsible for controlling a parameterized number of memory banks shared by a high
performance SDRAM machine, a general-purpose chip-select machine (GPCM), and up to three

user-programmable machines (UPMs).

As such, the EMC supports a glueless interface to synchronous DRAM (SDRAM), SRAM, EPROM, flash
EPROM, burstable RAM, regular DRAM devices, extended data output DRAM devices, and other
peripherals. Support signals for external address latch (LALE) allows the multiplexing of address with data

lines in devices with limited pin counts.

The EMC includes write protection features, and also a bus monitor to ensure that each internal transaction

is terminated within a user-specified period.

Control &
Status
Registers

NOTE
The EMC is not available on the DSP56721 device.

Refresh

Controller

Memory
Controllers

«—> Internal Bus
Interface

—» SDRAM

Controller

GPCM
Controller

EMC

Address MUX
& Data Buffer

Bus Monitor

J

Control Signal

Generator

PLL

Figure 22-1. EMC Block Diagram
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External Memory Controller (EMC)

22.1.1 Features

Major features of the External Memory Controller (EMC) include:

* Generic features
— Eight memory chip select pins (supports eight memory banks)
— Accessible from the entire X, Y and P address space
— Variable memory block sizes (8 K words to 16 M words)
— Address and data share the LAD[23:0]
— Selection of the memory controller among SDRAM, GPCM and UPM is on per-bank basis
— Data buffer controls are activated on a per-bank basis
— Write protection error detection
— Chip select error detection
— Bus timeout error detection

* Synchronous DRAM (SDRAM) machine
— Provides the control functions and signals to any JEDEC-compliant SDRAM device
— Upto 100 SDRAM clock
— Four caches for active pages
— Supports 4-way bank interleaving
— Supports 24-bit SDRAM port size

* General-purpose chip-select machine (GPCM)
— Compatible with SRAM, EPROM, FEPROM, and other peripherals
— Supports boot from external memory connected at LCSO (at system reset)
— Supports boot from 8-bit or 24-bit devices
— External access termination signal (GTA)

e Three User-Programmable Machines (UPMs)
— User-specified control-signal patterns can be initiated by software

— User-specified control-signal patterns can be run when an internal master requests a single-beat
or burst read or write access.

— UPM refresh timer runs a user-specified control signal pattern to support refresh

— Each UPM can be defined to support DRAM devices with depths of 64 Kw, 128 Kw, 256 Kw,
512 Kw, 1 Mw, 2 Mw, 4 Mw, 8 Mw and 16 Mw.

— Supports 24-bit memory port size

— External UPM handshake input—asynchronous freeze/restart, or synchronous transfer
acknowledge

* De-skew Phase-locked Loop (PLL)
— Uses de-skew PLL to automatically compensate for PCB wire delay
— User-programmable PLL bypass enable
— User-programmable PLL power down
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22.2 External Signal Descriptions

Table 22-1. External Signal Descriptions

External Memory Controller (EMC)

Signal Description /0 Reset
LALE External address latch enable o Low
LCS[7:0] Chip selects 0] All High
LWE/ GPCM mode: write enable (0] All High
LSDDQM SDRAM mode: data mask O
LSDA10/ SDRAM mode: row address bit/command bit O High
LGPLO UPM mode: general purpose line 0 (0]

LSDWE/ SDRAM mode: write enable O High
LGPLA UPM mode: general purpose line 1 (0]

LOE/ GPCM mode: output enable (0] High
LSDRAS/ SDRAM mode: row address strobe (0]

LGPL2 UPM mode: general purpose line 2 (0]

LSDCAS/ SDRAM mode: column address strobe (0] High
LGPL3 UPM mode: general purpose line 3 (0]

LGTA/ GPCM mode: transaction termination | High-Z
LGPL4/ UPM mode: general purpose line 4 (0]

UPWAIT/ UPM mode: external device wait |

LGPL5 UPM mode: general purpose line 5 (0] High
LBCTL Data buffer control o High
LA[2:0] External memory non-multiplexed address (0] All Low

LSBs

LAD[23:0] Multiplexed address and data bus I/0 High-Z
LCKE External memory clock enable 0] High
LCLK External memory clocks (0] Driven
LSYNC_IN PLL synchronize input | High-Z
LSYNC_OUT PLL synchronize output 0] Driven
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External Memory Controller (EMC)

22.2.1 Detailed Signal Descriptions
Table 22-2. Detailed Signal Descriptions
Signal /0 Description
LALE O |External address latch enable. The EMC provides control for an external address latch, which allows
address and data to be multiplexed on the device pins.
State |Asserted—LALE is asserted for at least 1/2 bus clock cycle for each memory-controller

Meaning |transaction. If ORX[EAD] = 1, LALE is asserted for (N+1/2) bus clock cycles, where N is the
number of bus clock cycles defined by the EADC field in the CRR. Note that no other control
signals are asserted during the assertion of LALE.

Negated—LALE is negated at the negative edge of bus clock during address phase. LALE is
negated 1/2 bus clock cycle earlier than the next positive edge of bus clock, to obtain hold time
for external latch devices.
Timing |N/A
LCS[7:0] O [Chip selects. Eight mutually-exclusive chip selects are provided.
State |Asserted/Negated—Used to enable specific memory devices or peripherals connected to the

Meaning |[EMC. LCS[7:0] are provided on a per-bank basis. For example, LCSO is the chip select for

memory bank 0, which has the memory type and attributes defined by BR0O and ORO.
Timing |N/A
LWE/ O |GPCM write enable/SDRAM data mask
LSDDQM/ T "
State |Asserted/Negated—For GPCM operation, LWE is asserted for writing.

Meaning |For SDRAM operation, LSDDQM functions as the DQM or data mask signals provided by
JEDEC-compliant SDRAM devices. LSDDQM is driven high when the EMC wishes to mask a
write or disable read data output from the SDRAM.

Timing |N/A
LSDA10/ O |SDRAM A10/General purpose line 0
LGPLO
State |Asserted/Negated—For SDRAM accesses, this signal represents address bit 10. When the row

Meaning |address is driven, this signal drives the value of address bit 10. When the column address is

driven, this signal forms part of the SDRAM command.
This signal is one of six general purpose signals when in UPM mode and drives a value
programmed in the UPM array
Timing |N/A
Symphony DSP56720/DSP56721 Multi-Core Audio Processors Reference Manual, Rev. 1.1
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External Memory Controller (EMC)

Table 22-2. Detailed Signal Descriptions (continued)

Signal /0 Description
LSDWE/ O |SDRAM write enable/General-purpose line 1
LGPLA
State |Asserted/Negated—This signal is connected to the SDRAM device WE input and acts as the
Meaning | SDRAM write enable when accessing SDRAM.
This signal is one of six general purpose signals when in UPM mode, and drives a value
programmed in the UPM array
Timing |N/A
LOE/ O |GPCM output enable/SDRAM RAS/General-purpose line 2
LSDRAS/
LGPL2 State |Asserted/Negated—This signal controls the output buffer of memory when accessing
Meaning |memory/devices in GPCM mode. For SDRAM accesses, this signal is the row address strobe
(RAS).
This signal is one of six general purpose lines when in UPM mode, and drives a value
programmed in the UPM array.
Timing |N/A
LSDCAS/ O |SDRAM CAS/General-purpose line 3
LGPL3
State |Asserted/Negated—In SDRAM mode, this signal drives the column address strobe (CAS).
Meaning |This signal is one of six general purpose signals when in UPM mode, and drives a value
programmed in the UPM array.
Timing |N/A
LGTA/ I/O|GPCM terminate access/General-purpose line 4/UPM wait
LGPL4/
UPWAIT State |Asserted/Negated—This signal is an input in GPCM mode and is used for transaction
Meaning |termination. This signal may also be configured as one of six general purpose output signals
when in UPM mode, or as an input to force the UPM controller to wait for the memory/device.
Timing |N/A
LGPL5 O |General-purpose line 5
State |Asserted/Negated—This signal is one of six general purpose signals when in UPM mode, and
Meaning |drives a value programmed in the UPM array.
Timing |N/A
LBCTL O |Data buffer control. The memory controller activates a data buffer control signal (BCTL) for the external
memory when a GPCM- or UPM-controlled bank is accessed. Access to an SDRAM machine-controlled
bank does not activate the buffer control. The buffer control can be disabled by setting ORXx[BCTLD].
State |Asserted/Negated—The LBCTL pin normally functions as a write/read control for a bus
Meaning |transceiver connected to the LAD lines. Note that an external data buffer must not drive the LAD
lines in conflict with the EMC when LBCTL is high, because LBCTL remains high after reset and
during address phases.
Timing |N/A
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Table 22-2. Detailed Signal Descriptions (continued)

Signal /0 Description
LA[2:0] O |External memory non-multiplexed address LSBs
State |Asserted/Negated—Even though the EMC shares an address and data bus, up to three least
Meaning |significant bits of the RAM address always appear on the dedicated address pins, LA[2:0].
These bits may be used, unlatched, in place of LAD[2:0] to connect the three least significant
bits of the address for address phases. For some RAM devices, such as fast-page DRAM,
LA[2:0] serves as the column address offset during a burst access.
Timing |N/A
LAD[23:0] |I/O |Multiplexed address and data bus
State |Asserted/Negated—LAD[23:0] is the shared 24-bit address and data bus through which
Meaning |external RAM devices transfer data and receive addresses.

Timing |Assertion/Negation—During assertion of LALE, LAD[23:0] are driven with the RAM address for
the access to follow. External logic should propagate the address on LAD[23:0] while LALE is
asserted, and latch the address upon negation of LALE.

After LALE is negated, LAD[23:0] are either driven by write data or are made high-impedance
by the EMC to sample read data driven by an external device. Following the last data transfer
of a write access, LAD[23:0] are again taken into a high-impedance state.
LCKE O |External memory clock enable
State |Asserted/Negated—LCKE is the bus clock enable signal (CKE) for JEDEC-standard SDRAM
Meaning |devices. This signal is asserted during normal SDRAM operation.
LCLK O |External memory clocks
State |Asserted/Negated—LCLK drive external memory clock signal. If the EMC Phase-Locked Loop
Meaning |(PPLL) is enabled (see CRR[DBYP], Table 22-62), the bus clock phase is shifted earlier than
transitions on other EMC signals (such as LAD[23:0] and LCSx) by a time delay matching the
delay of the PPLL timing loop set up between LSYNC_OUT and LSYNC_IN.
LSYNC_OUT | O |PPLL synchronization out
State |Asserted/Negated—A replica of the bus clock (appearing on LSYNC_OUT) that should be
Meaning |propagated through a passive timing loop and returned to LSYNC_IN for achieving correct
PPLL lock.

Timing |Assertion/Negation—The time delay of the timing loop should be such that it compensates for
the round-trip flight time of LCLK and clocked drivers in the system. No load other than a timing
loop