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3.1/3-1

3.2/3-3

3.2/3-3

4.2/4-2

Changes

Remove all referencesto HD.
Modify the second paragraph, as follows:

“The DSP56724/DSP56725 Multi-Core Audio Processors are devices of the
DSP5672x family of programmable CMOS DSPs, designed using dual DSP56300
24-hit cores. The DSP56724/DSP56725 are intended for automotive, consumer,
and professional audio applications that require high performance for audio
processing. Potential applicationsinclude A/V receivers, car audio/amplifiers, and
professional audio equipment.”

Inthelist of features, change “400 MIPs (200 MIPs/core) with 2200 MHz clock”
to say “up to 500 MIPs (up to 250 MIPs/core) with up to 250-MHz clock...”

Modify the second sentence in the first paragraph, asfollows:

“The DSP56724/DSP56725 shared memory has four 8-Kword x 24-word
memory blocksfor atotal of 32-Kword shared words and is |ocated starting from
$030000.”

Revise section, as follows:

“Each Triple Timer is composed of acommon 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 usesinternal clocking, and can also
interrupt the DSP after a specified number of events (clocks). Each timer can also
be used to trigger DMA transfers after a specified number of events (clocks) have
occurred.”

In Table 2-13, “Enhanced Serial Audio Interface Signals (ESAI_2),” change all
instances of the following sentence:

“Usesinternal pull-up resistor in DSP56725 80-pin and 144-pin packages’

to:

“Usesinternal pull-up resistor in DSP56725 80-pin package.”

In Table 2-19, “Digital Audio Interface: S/PDIF Signals,” remove both instances

of the following sentence: “This pin isonly available in the DSP56724 and
DSP56725 144-pin package.”

Change the sentence “ Four blocks of 8 Kbytes’ to say “Eight blocks of 4
Kwords.”

Switch Table 3-1 and Table 3-2, change the title of Table 3-1 to “ Core-0
Configuration,” and change the title of Table 3-2 to “Core-1 Configuration.”

In addition, switch Table 3-3 and Table 3-4, change thettitle of Table 3-3to “DSP
Core-0 Memory Map Locations,” and change the title of Table 3-4 to “DSP
Core-1 Memory Map Locations.”

In Table 3-4, “DSP Core-1 Memory Map Locations,” for MSW = NA, MS=0,
change program RAM range from “ $000000-$007FFF’ to “ $000000-$0007FF."

In list of features, change second bullet to: “Up to 250 million instructions per
second (MIPS) with up to 250-MHz clock with 1.2-V interna logic supply”
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7.1.1/7-1 Change 200 MHz to 250 MHz, and 400 MHz to 500 MHz.
7.3.3.2/7-10 Add new row to the top of Table 7-9, “PLL Programming Examples,” asfollows:
Table 7-9. PLL Programming Examples
Fref Fvco PLL Output
Extal NR NF NO :
(= Fosc/NR) (= Fref*NF) N (= Fvco/NO) PLL Setting (0x)
(MHz) 1 (=R+1) | "5 gmHzy | EF+*D | (200-400 mHz) | F27OD) (MHz)
24576 12 2.048 122 249.856 1 249.856 2B2079
8.2.6/8-10 Remove the following sentence: “When not used as timer signals, the two sets of
timer event counter signals (T100, TI1O1, TIO2, TIOO0_1, TIO1 1, TIO2_1) can
be configured as GPIO signals.”
11.1.1/11-1 Modify the first and second bullet, as follows:
» Usesinternal clocking.
* Interrupts the DSP Core after a specified number of events (clocks)
Chapter 12 Remove Chapter 12, “Host Data Interface (HDI24, HDI24 _1).”
12.2/12-1 Changefirst sentence of second paragraph to: “1nthe DSP56725 (80-pin package)
and the DSP56724 (144-pin package), the WDT and WDT _1 pins are ‘ ORed’
together, so that when either watchdog timer times out, the external pinis
asserted.”
15.1/15-1 Change memory space address to “ $030000-$37ffff.”
In addition, change “4 x 8 Kbytes’ to “8 x 4 Kwords,” and change “Multiples of
8K memory blocks...” to “ Consists of multiple 4-Kword memory blocks...”
19.1.2/19-3 In Table 19-1, “ASRC Specifications,” add the following noteto 40 ms: “The
settling time is defined to be the time from audio input to the conversion
performance reaching —115 dB THD + N.”
19.1.2/19-3 Add two new bullets, as follows:
*  Output sampling rates in the range of 8 kHz to 200 kHz are a so supported
but with less performance.
» Designedfor real-time streaming audio usagei.e. the output sampling clock
must always be physically available in the system.
19.1.2/19-3 Significantly revise the first bullet under “Clock/Data Connections,” as follows:
» The physical sampling clocks are directly connected to the ASRC module
and the ratio estimation of the input clocks with output clocks are donein
ASRC hardware when both the input and output sampling clocks are
physically available. When thisisthe case, the rate conversion can be done
by configuring the physical clocks.
19.1.2/19-3 Modify last sub-bullet, as follows: “ Core master clock derivative (default is
5.644 MHz, programmable through external module)”
19.1.3.1/19-4 Change headings of modes 1-3 to be more specific, as follows:
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Data Output Mode 1
(Polling Mode)/19-5

Data Input Mode 1

Changes

“Datalnput Mode 1 (Polling Mode)”
“Data Input Mode 2 (Interrupt Mode)”

“Datalnput Mode 3 (DMA Mode)”

“Data Output Mode 1 (Polling Mode)”
“Data Output Mode 2 (Interrupt Mode)”
“Data Output Mode 3 (DMA Mode)”

(Palling M ode)/19-4Add the following text: “the FIFO size of each channel
is 64 samples.”

Add the following text: “the FIFO size of each channel is 64 samples.”

19.2/19-5 In Table 19-2, “Block Memory Map,” changed rows for OxC, OxD, and OxF to
reserved and added new rows for new registers. 19.2.2.1/19-8Modify
Figure 19-4, “ASRC Control Register (ASRCTR),” and Table 19-4, “ASRC
Control Register Bits (ASRCTR),” asfollows:
Offset 0x0 Access: Mixed
23 22 21 20 19 18 17 16 15 14 13 12
R
W ASDBG | ATSC ATSB ATSA — USRC IDRC USRB IDRB USRA IDRA —
Reset All zeros
11 5 4 3 2 1 0
R
— ASREC | ASREB | ASREA ASRCE
w SRST N
Reset All zeros
Figure 0-4. ASRC Control Register (ASRCTR)
Table 0-4. 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 Section 19.2.2.4, “Filter Configuration Status
Register (ASRCFG)”) based on the frequencies it detected. To use this option, the two parameter
registers (TS76KHZ and TS56KHZ) should be set correctly (see Section 19.2.2.12.4, “ASRC 76 kHz
Period Register in Terms of Master Clock (ASR76K)”). This bit should be disabled when {USRC,
IDRC}={1,1}.
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Table 0-4. ASRC Control Register Bits (ASRCTR) (continued)

Bit Field Description

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 Section 19.2.2.4, “Filter Configuration Status
Register (ASRCFG)”) based on the frequencies it detected. To use this option, the two parameter
registers (ASR76K and ASR56K) should be set correctly (see Section 19.2.2.12.4, “ASRC 76 kHz
Period Register in Terms of Master Clock (ASR76K)”).
When the ATSB bit is 0, the user is responsible for choosing the proper processing options for pair B.
This bit should be disabled when {USRB, IDRB}={1,1}.

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 Section 19.2.2.4, “Filter Configuration Status
Register (ASRCFG)”) based on the frequencies it detected. To use this option, the two parameter
registers (ASR76K and ASR56K) should be set correctly (see Section 19.2.2.12.4, “ASRC 76 kHz
Period Register in Terms of Master Clock (ASR76K)”).
When the ATSA bit is 0, the user is responsible for choosing the proper processing options for pair A.
This bit should be disabled when {USRA, IDRA}={1,1}.

19 — Reserved

18 USRC | Use Ratio for Pair C
Use ratio as the input to ASRC. This bit is used in conjunction with IDRC control bit.

17 IDRC Use Ideal Ratio for Pair C
When USRC=0, this bit has no usage.
When USRC=1 and IDRC=0, ASRC internal measured ratio will be used.
When USRC=1 and IDRC=1, idea ratio from the interface register ASRIDRHC, ASRIDRLC will be
used. It issuggested to manually set ASRCFG:POSTMODC, ASRCFG:PREMODC

16 USRB | Use Ratio for Pair B
Use ratio as the input to ASRC. This bit is used in conjunction with IDRB control bit.

15 IDRB Use ldeal Ratio for Pair B
When USRB=0, this bit has no usage.
When USRB=1 and IDRB=0, ASRC internal measured ratio will be used.
When USRB=1 and IDRB=1, idea ratio from the interface register ASRIDRHB, ASRIDRLB will be
used.lt is suggested to manually set ASRCFG:POSTMODB, ASRCFG:PREMODB.

14 USRA | Use Ratio for Pair A
Use ratio as the input to ASRC. This bit is used in conjunction with IDRA control bit.

13 IDRA Use ldeal Ratio for Pair A
When USRA=0, this bit has no usage.
When USRA=1 and IDRA=0, ASRC internal measured ratio will be used.
When USRA=1 and IDRA=1, idea ratio from the interface register ASRIDRHA, ASRIDRLA will be used.
It is suggested to manuallymanually set ASRCFG:POSTMODA, ASRCFG:PREMODA.

12-5 — Reserved

4 SRST | Software Reset
This bit is self-clear bit. Once it is been written as 1, it will generate a software reset signal inside ASRC.
After 9 cycles of the master clock, this reset process will stop, and this bit will be cleared automatically.

3 ASREC |ASRC Enable C
Enables the conversion of pair C of the ASRC. When ASREC is cleared, conversion of pair C is
disabled.

Errata to Symphony™ DSP56724/DSP56725 Multi-Core Audio Processors Reference Manual, Rev. 0

Freescale Semiconductor




Section, Page No. Changes

Table 0-4. ASRC Control Register Bits (ASRCTR) (continued)

Bit Field Description

2 ASREB | ASRC Enable B
Enables the conversion of pair B of the ASRC. When ASREB is cleared, conversion of pair B is
disabled.

1 ASREA | ASRC Enable A
Enables the conversion of pair A of the ASRC. When ASREA is cleared, conversion of pair A is
disabled.

0 ASRCEN |ASRC Enable
Enables the operation of the ASRC.

19.2.2.9/19-23 Remove section, “Memory Access Registers (ASRMAA, ASRMAD).”

19.2.2.12/19-26 Add Section 19.2.2.12.1, “Ideal Ratio Registersfor Pair A, High/Low Part
(ASRIDRHA, ASRIDRLA),” through Section 19.2.2.12.5, “ASRC 56 kHz
Period Register in Terms of Master Clock (ASR56K),” as follows:

0.2.2.12.1 Ideal Ratio Registers for Pair A, High/Low Part (ASRIDRHA, ASRIDRLA)

These are three 24-bit wide register for reading data from the output data FIFOs |deal Ratio Registersfor
Pair A, High/Low Part (ASRIDRHA, ASRIDRLA) Theideal ratio registers (ASRIDRHA, ASRIDRLA)
holdtheratio value IDRATIOA. IDRATIOA = Fsina/Fsouta = TSoutA/ Tsina isa 32-bit fixed point value with
26 fractiona bits. Thisvalueis only useful when ASRCTR:{USRA, IDRA}=2'b11.

Address 0x20 Access: Read/Write
2 | | | 8 | 7 | 0
R
— IDRATIOA
w
Reset All zeros

Figure 0-15. Ideal Ratio Register for Pair A, High Part (ASRIDRHA)

Address 0x21 Access: Read/Write
23 6 ‘ 7 ‘ 0
R
IDRATIOA
w
Reset All zeros

Figure 0-16. Ideal Ratio Register for Pair A, Low Part (ASRIDRLA

0.2.2.12.2 Ideal Ratio Registers for Pair B, High/Low Part (ASRIDRHB, ASRIDRLB)

Theided ratio registers (ASRIDRHB, ASRIDRLB) hold the ratio value IDRATIOB. IDRATIOB =
FsinB/FsoutB = TsoutB/TSinB is a 32-bit fixed point value with 26 fractional bits. Thisvalueis only useful
when ASRCTR:{USRB, IDRB}=2"b11.
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Address 0x22 Access: Read/Write
23 8 | 7 0
R
— IDRATIOB
w
Reset All zeros

Figure 0-17. Ideal Ratio Register for Pair B, High Part (ASRIDRHB)

Address 0x23 Access: Read/Write
23 6 ‘ 7 ‘ 0
R
IDRATIOB
w
Reset All zeros

Figure 0-18. Ideal Ratio Register for Pair B, Low Part (ASRIDRLB)

0.2.2.12.3 Ideal Ratio Registers for Pair C, High/Low Part (ASRIDRHC, ASRIDRLC)

Theideal ratio registers (ASRIDRHC, ASRIDRL C) hold the ratio value IDRATIOC. IDRATIOC =
Fsinc/Fsoutc = Tsoutc/Tsinc is a 32-bit fixed point value with 26 fractional bits. Thisvalue is only useful
when ASRCTR:{USRC, IDRC}=2"b11.

Address 0x24 Access: Read/Write
2 | | | 8 | 7 | 0
R
_ IDRATIOC
w
Reset All zeros

Figure 0-19. Ideal Ratio Register for Pair C, High Part (ASRIDRHC)

Address 0x25 Access: Read/Write
23 6 ‘ 7 ‘ 0
R
IDRATIOC
w
Reset All zeros

Figure 0-20. Ideal Ratio Register for Pair C, Low Part (ASRIDRLC)

0.2.2.12.4 ASRC 76 kHz Period Register in Terms of Master Clock (ASR76K)

The register (ASR76K) holds the period of the 76 kHz sampling clock in terms of the master clock.
ASR76K = Fsmaster/Fs76k. Reset value is $0A47 which assumes that Fsmaster=200 MHz. Thisregister is
used to help the ASRC internal logic to decide the pre-processing and the post-processing options
automatically (see Section 19.2.2.1, “ASRC Control Register (ASRCTR),” and Section 19.2.2.4, “Filter
Configuration Status Register (ASRCFG)”).
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Address 0x26 Access: Read/Write
23 17 16 0
R
_ ASR76K
w
Reset All zeros

Figure 0-21. ASRC 76 kHz Period Register (ASR76K)

0.2.2.12.5 ASRC 56 kHz Period Register in Terms of Master Clock (ASR56K)

The register (ASR56K) holds the period of the 56 kHz sampling clock in terms of the master clock.
ASR56K = Fsmaster/Fssek. Reset value is $0DF3 which assumes that Fsmaster=200 MHz. Thisregister is
used to help the ASRC internal logic to decide the pre-processing and the post-processing options
automatically (ssee Section 19.2.2.1, “ASRC Control Register (ASRCTR),” and Section 19.2.2.4, “Filter
Configuration Status Register (ASRCFG)”).

Address 0x27 Access: Read/Write
23 ‘ 17 16 ‘ ‘ ‘ ‘ 0
R
_ ASR56K
w
Reset All zeros

Figure 0-22. ASRC 56kHz Period Register (ASR56K

19.2.2.4/19-12 Change bit 20 from reserved to “NDPRC” in Figure 19-8, “Filter Configuration
Status Register (ASRCFG),” and Table 19-8, “Filter Configuration Status
Register (ASRCFG),” asfollows:

“Not Use Default Parameters for RAM-stored Parameters For Conversion Pair C

0 Usedefault parametersfor RAM-stored parameters. Override any
parameters aready in RAM.

1 Do not use default parameters for RAM-stored parameters. Use the
parameters already stored in RAM.”

19.2.2.5/19-15 Add values 10001100 to each bit field description in Table 19-9, “ Clock Source
Register (ASRCSR),” asfollows:
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Table 0-9. Clock Source Register (ASRCSR)

Bit

Field

Description

23-20

AOCSC

Output Clock Source C

0000
0001
0010
0011
0100
0101
0110
0111
1000
1001
1010
1011
1100

ESAI Tx clock
ESAI-1 Tx clock
ESAI-2 Tx clock
ESAI-3 Tx clock
S/PDIF Tx clock
Reserved
Reserved
Reserved

ESAI Rx clock
ESAI-1 Rx clock
ESAI-2 Rx clock
ESAI-3 Rx clock
SPDIF Rx clock

Any other value—ASRCK1 (In DSP56724/DSP56725, 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
0001
0010
0011
0100
0101
0110
0111
1000
1001
1010
1011
1100

ESAI Tx clock
ESAI-1 Tx clock
ESAI-2 Tx clock
ESAI-3 Tx clock
S/PDIF Tx clock
Reserved
Reserved
Reserved

ESAI Rx clock
ESAI-1 Rx clock
ESAI-2 Rx clock
ESAI-3 Rx clock
SPDIF Rx clock

Any other value—ASRCK1 (In DSP56724/DSP56725, this signal is derived from the PLL, and can be
controlled by the ASCDR register in the CGM module.)

15-12

AOCSA

Output Clock Source A

0000
0001
0010
0011
0100
0101
0110
0111
1000
1001
1010
1011
1100

ESAI Tx clock
ESAI-1 Tx clock
ESAI-2 Tx clock
ESAI-3 Tx clock
S/PDIF Tx clock
Reserved
Reserved
Reserved

ESAI Rx clock
ESAI-1 Rx clock
ESAI-2 Rx clock
ESAI-3 Rx clock
SPDIF Rx clock

Any other value—ASRCK1 (In DSP56724/DSP56725, this signal is derived from the PLL, and can be
controlled by the ASCDR register in the CGM module.)
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Table 0-9. Clock Source Register (ASRCSR) (continued)

Bit Field Description

11-8 AICSC | Input Clock Source C

0000 ESAI Rx clock

0001 ESAI-1 Rx clock

0010 ESAI-2 Rx clock

0011 ESAI-3 Rx clock

0100 S/PDIF Rx clock

0101 Reserved

0110 Reserved

1000 ESAI Tx clock

1001 ESAI-1 Tx clock

1010 ESAI-2 Tx clock

1011 ESAI-3 Tx clock

1100 SPDIF Tx clock

Any other value—ASRCK1 (In DSP56724/DSP56725, this signal is derived from the PLL, and can be
controlled by the ASCDR register in the CGM module.)

7-4 AICSB | Input Clock Source B

0000 ESAI Rx clock

0001 ESAI-1 Rx clock

0010 ESAI-2 Rx clock

0011 ESAI-3 Rx clock

0100 S/PDIF Rx clock

0101 Reserved

0110 Reserved

1000 ESAI Tx clock

1001 ESAI-1 Tx clock

1010 ESAI-2 Tx clock

1011 ESAI-3 Tx clock

1100 SPDIF Tx clock

Any other value—ASRCK1 (In DSP56724/DSP56725, 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 ESAI Rx clock

0001 ESAI-1 Rx clock

0010 ESAI-2 Rx clock

0011 ESAI-3 Rx clock

0100 S/PDIF Rx clock

0101 Reserved

0110 Reserved

1000 ESAI Tx clock

1001 ESAI-1 Tx clock

1010 ESAI-2 Tx clock

1011 ESAI-3 Tx clock

1100 SPDIF Tx clock

Any other value—ASRCK1 (In DSP56724/DSP56725, this signal is derived from the PLL, and can be
controlled by the ASCDR register in the CGM module.)

19.2.2.8/19-21 Change title of section to “ASRC Debug Control Register (ASRCDR).”

In addition, remove Figure 19-14, “ Debug Control Register-1 (ASRDCR1),” and
Table 19-13, “Debug Control Register-1 (ASRDCR1).”
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19.5.1.1/19-30 Add new column “8” and new rows“8,” “12,” “16,” and “24,” to Table 19-19,
“Pre-Processing, Post-Processing Options,” as follows:
Table 19-19. Pre-Processing, Post-Processing Options
{Pre_Proc, Fsout (kHz)
Post_Proc} 32 44.1 48 64 88.2 9 128 192
8 {0, 1} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0}
12 {0, 2} {0, 1} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0}
16 {1,2} {0, 1} {0, 1} {0, 1} {0, 0} {0, 0} {0, 0} {0, 0} {0, 0}
24 {1,2} {0, 1} {0, 1} {0, 1} {0, 1} {0, 0} {0, 0} {0, 0} {0, 0}
32 {1,2} {0, 1} {0, 1} {0, 1} {0, 1} {0, 1} {0, 1} {0, 0} {0, 0}
. 44.1 {2, 2} {0, 2} {0, 1} {0, 1} {0, 1} {0, 1} {0, 1} {0, 0} {0, 0}
Fsin
(Hz) | g 22 | 02 | ©2 | o1 | o1 | 01 | ©1 | (01 | {00
64 {2, 2} {1,2} {0, 2} {0, 2} {0, 1} {0, 1} {0, 1} {0, 1} {0, 0}
88.2 N/A {1,2} {1,2} {1,2} {1, 1} {1, 1} {1,1} {1,1} {1, 0}
96 N/A (1,2 {1, 2 {1, 2} {1, 1} {1, 1} {1, 1} {1, 1} {1, 1}
128 N/A 1,2 {1, 2} {1, 2} {1, 1} {1, 1} {1, 1} {1, 1} {1, 1}
192 N/A {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 19-19
* 1 Pre-processing input path 11 as shown in Figure 19-19
* 2 Pre-processing input path 12 as shown in Figure 19-19
¢ Post_Proc:
¢ 0 Post-processing output path O0 as shown in Figure 19-19
¢ 1 Post-processing output path O1 as shown in Figure 19-19
* 2 Post-processing output path O2 as shown in Figure 19-19

19.5.1.2.1/19-30

Errata to Symphony™ DSP56724/DSP56725 Multi-Core Audio Processors Reference Manual, Rev. 0

Changethe only sentencein thissection to say, “ The device supportsonly physical
sampling clocks. The clocks can be the clocks from SPDIF, ESAI, or the PLL.”

Freescale Semiconductor

11




How to Reach Us:

Home Page:
www.freescale.com

Web Support:
http://www.freescale.com/support

USA/Europe or Locations Not Listed:
Freescale Semiconductor, Inc.
Technical Information Center, EL516
2100 East Elliot Road

Tempe, Arizona 85284

1-800-521-6274 or

+1-480-768-2130
www.freescale.com/support

Europe, Middle East, and Africa:
Freescale Halbleiter Deutschland GmbH
Technical Information Center
Schatzbogen 7

81829 Muenchen, Germany

+44 1296 380 456 (English)

+46 8 52200080 (English)

+49 89 92103 559 (German)

+33 169 35 48 48 (French)
www.freescale.com/support

Japan:

Freescale Semiconductor Japan Ltd.
Headquarters

ARCO Tower 15F

1-8-1, Shimo-Meguro, Meguro-ku
Tokyo 153-0064

Japan

0120 191014 or

+81 35437 9125

support.japan @freescale.com

Asia/Pacific:

Freescale Semiconductor China Ltd.
Exchange Building 23F

No. 118 Jianguo Road

Chaoyang District

Beijing 100022

China

+86 10 5879 8000

support.asia @freescale.com

For Literature Requests Only:

Freescale Semiconductor
Literature Distribution Center

P.O. Box 5405

Denver, Colorado 80217

1-800 441-2447 or

+1-303-675-2140

Fax: +1-303-675-2150

LDCForFreescaleSemiconductor
@hibbertgroup.com

Document Number: DSP56724RMAD

Rev. 0.1
02/2009

Information in this document is provided solely to enable system and software
implementers to use Freescale Semiconductor products. There are no express or
implied copyright licenses granted hereunder to design or fabricate any integrated
circuits or integrated circuits based on the information in this document.

Freescale Semiconductor reserves the right to make changes without further notice to
any products herein. Freescale Semiconductor makes no warranty, representation or
guarantee regarding the suitability of its products for any particular purpose, nor does
Freescale Semiconductor assume any liability arising out of the application or use of
any product or circuit, and specifically disclaims any and all liability, including without
limitation consequential or incidental damages. “Typical” parameters which may be
provided in Freescale Semiconductor data sheets and/or specifications can and do
vary in different applications and actual performance may vary over time. All operating
parameters, including “Typicals” must be validated for each customer application by
customer’s technical experts. Freescale Semiconductor does not convey any license
under its patent rights nor the rights of others. Freescale Semiconductor products are
not designed, intended, or authorized for use as components in systems intended for
surgical implant into the body, or other applications intended to support or sustain life,
or for any other application in which the failure of the Freescale Semiconductor product
could create a situation where personal injury or death may occur. Should Buyer
purchase or use Freescale Semiconductor products for any such unintended or
unauthorized application, Buyer shall indemnify and hold Freescale Semiconductor
and its officers, employees, subsidiaries, affiliates, and distributors harmless against all
claims, costs, damages, and expenses, and reasonable attorney fees arising out of,
directly or indirectly, any claim of personal injury or death associated with such
unintended or unauthorized use, even if such claim alleges that Freescale
Semiconductor was negligent regarding the design or manufacture of the part.

Freescale and the Freescale logo are trademarks or registered trademarks
of Freescale Semiconductor, Inc. in the U.S. and other countries. All other
product or service names are the property of their respective owners.

© Freescale Semiconductor, Inc., 2009. All rights reserved.

freescale"

semiconductor



