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8-Channel Digital Audio PWM Processor

Check for Samples: TAS5508C

1
11

Introduction PWM

Features

» General Features

Automated Operation With an Easy-to-Use
Control Interface

I2C Serial-Control Slave Interface
Integrated AM Interference-Avoidance
Circuitry

Single, 3.3-V Power Supply

64-Pin TQFP Package

5-V Tolerant Inputs

e Audio Input/Output

Automatic Master Clock Rate and Data
Sample Rate Detection

Eight Serial Audio Input Channels

Eight PWM Audio Output Channels
Configurable as Six Channels With Stereo
Lineout or Eight Channels

Line Output Is a PWM Output to Drive an
External Differential-Input Operational
Amplifier

Headphone PWM Output to Drive an External
Differential Amplifier Like the TPA112
PWM Outputs Support Single-Ended and
Bridge-Tied Loads

32-, 38-, 44.1-, 48-, 88.2-, 96-, 176.4-, and
192-kHz Sampling Rates

Data Formats: 16-, 20-, or 24-Bit
Left-Justified, I°S, or Right-Justified Input
Data

64-Fs Bit-Clock Rate

128-, 192-, 256-, 384-, 512-, and 768-Fs
Master Clock Rates (Up to a Maximum of
50 MHz)

» Audio Processing

A

48-Bit Processing Architecture With 76 Bits

of Precision for Most Audio Processing

Features

Volume Control Range 36 dB to —127 dB

* Master Volume Control Range of 18 dB to
-100 dB

» Eight Individual Channel Volume Control
Ranges of 18 dB to —127 dB

Programmable Soft Volume and Mute

Update Rates

— Four Bass and Treble Tone Controls with
+18-dB Range, Selectable Corner
Frequencies, and Second-Order Slopes
e L,R,andC

e LS, RS
* LR, RR
e Sub

— Configurable Loudness Compensation

— Two Dynamic Range Compressors With Two
Thresholds, Two Offsets, and Three Slopes

— Seven Biquads Per Channel

— Full 8x8 Input Crossbar Mixer. Each
Signal-Processing Channel Input Can Be
Any Ratio of the Eight Input Channels.

— 8x2 Output Mixer — Channels 1-6. Each
Output Can Be Any Ratio of Any Two
Signal-Processed Channels.

— 8x3 Output Mixer — Channels 7 and 8. Each
Output Can Be Any Ratio of Any Three
Signal-Processed Channels.

— Three Coefficient Sets Stored on the Device
Can Be Selected Manually or Automatically
(Based on Specific Data Rates).

— DC Blocking Filters

— Able to Support a Variety of Bass
Management Algorithms

PWM Processing

— 32-Bit Processing PWM Architecture With 40
Bits of Precision

— 8x Oversampling With Fifth-Order Noise
Shaping at 32 kHz—-48 kHz, 4x Oversampling
at 88.2 kHz and 96 kHz, and 2x Oversampling
at 176.4 kHz and 192 kHz

— >102-dB Dynamic Range

— THD+N < 0.1%

— 20-Hz-20-kHz, Flat Noise Floor for 44.1-, 48-,
88.2-, 96-, 176.4-, and 192-kHz Data Rates

— Digital De-Emphasis for 32-, 44.1-, and
48-kHz Data Rates

— Flexible Automute Logic With Programmable
Threshold and Duration for Noise-Free

Please be aware that an important notice concerning availability, standard warranty, and use in critical applications of Texas
Instruments semiconductor products and disclaimers thereto appears at the end of this data sheet.

PurePath Digital is a trademark of Texas Instruments.

Matlab is a trademark of Math Works, Inc.

All other trademarks are the property of their respective owners.

PRODUCTION DATA information is current as of publication date.
Products conform to specifications per the terms of the Texas
Instruments standard warranty. Production processing does not
necessarily include testing of all parameters.
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Operation Support for Enhanced Dynamic Range in

— Intelligent AM Interference-Avoidance High-Performance Applications

System Provides Clear AM Reception — Adjustable Modulation Limit

— Power-Supply Volume Control (PSVC)

1.2

Overview

The TAS5508C is an 8-channel digital pulse-width modulator (PWM) that provides both advanced
performance and a high level of system integration. The TAS5508C is designed to interface seamlessly
with most audio digital signal processors. The TAS5508C automatically adjusts control configurations in
response to clock and data rate changes and idle conditions. This enables the TAS5508C to provide an
easy-to-use control interface with relaxed timing requirements.

The TAS5508C can drive eight channels of H-bridge power stages. Texas Instruments H-bridge parts
TAS5111, TAS5112, or TAS5182 with FETs are designed to work seamlessly with the TAS5508C. The
TAS5508C supports both single-ended or bridge-tied load configurations. The TAS5508C also provides a
high-performance, differential output to drive an external, differential-input, analog headphone amplifier
(such as the TPA112).

The TAS5508C uses AD modulation operating at a 384-kHz switching rate for 48-, 96-, and 192-kHz data.
The 8x oversampling combined with the fifth-order noise shaper provides a broad, flat noise floor and
excellent dynamic range from 20 Hz to 20 kHz.

The TAS5508C is a clocked slave-only device. The TAS5508C receives MCLK, SCLK, and LRCLK from
other system components. The TAS5508C accepts master clock rates of 128, 192, 256, 384, 512, and
768 Fs. The TAS5508C accepts a 64-Fs bit clock.

The TAS5508C allows for extending the dynamic range by providing a power-supply volume control
(PSVC) output signal.

10

Introduction PWM Copyright © 2010, Texas Instruments Incorporated
Submit Documentation Feedback
Product Folder Link(s): TAS5508C


http://focus.ti.com/docs/prod/folders/print/tas5508c.html
http://www.go-dsp.com/forms/techdoc/doc_feedback.htm?litnum=SLES257&partnum=TAS5508C
http://focus.ti.com/docs/prod/folders/print/tas5508c.html

TAS5508C

{Z‘ TEXAS
INSTRUMENTS
www.ti.com

SLES257-SEPTEMBER 2010

arnvAa

noaurt 3 NMd
punolns o 9NV pue dv WMd

noaurt 1 AMd
punolns 7 SV pue dv WMd

lajoomgns
8V pue dv AMd

181U) LNV pue dv NMd

1eay o vV pue dv WMd

Jeay T ENV pue dv WMd

JUol4 o 2NV pue dv WMd

Juoi4 7 TV pue dv WMd

TN pUe ddH WM
HN pue ddH WMd

8

) WMd| SN |oys| stelodisiul E_Em_ wola |
50 |
) WMd| SN |oys| stejodisiul E_Em_ wola |
50 |
b WMd| SN |oys| stejodisiul caE 3 woiaq
_ 5 od |

T
O A|__>_>>n__mz_ _Qm_oﬁ:mE__caE _V_oo_m__n
5 oa |

o
a aE ooig|
o M| SN [ous| erejodiequy [HAW|H0IE g
. 50 |
ydw3[xo0ia]
~ A|__>_>>n__mz_ _Qm_oEmE__ _ oa [*
WMd| SN |oys| stejodisiul E_Em_ wola |
50 |
_>_>>n__ SN _omw_ arejodiaw| _E_Em_ o T

uonves NMd

8 x 2 Crossbar Mixer

|01U0D 6
awnjoA
4
4 14 w\H—
dwo| | [uo] | mu@:c_m_ ﬂmn_
AI_ 93_ _cow_ 7
dwo)| | )| [spenbig|1aqg
O e i o i et B
dwod| | 1 |spenbig|1eq
O e 5 L i e O
[}
X
=
dwod| | 1 |spenbig|1eg —
O e i o i e
g
dwo)| | )| [spenbig|1aqg =
O e i o i ek Bl
X
dwo?| o, 1[spenbig ﬂmn_ ©
O e 5 e .
dwo?| joA )1 [spenbig ﬂmn_
AI_ U:S_cow_ _ 7
Sua dwo))| |oA [suoL{spenbig|iaa
pnoT | Jos [ yos L 0

10S$3201d olpny [ewbiq

| DAP Control | | PWM Control |

System Control

|013U0D
201neq

..HTE.. ari
13S dH

A|Om_._.3_>_

Ndad
13s34

/1
|01uo0D
[euas
Ozl

|

A|@|_ow

A:V@ddw
|

[

and Serial Data I/F

Clock, PLL,

le—b vNias

ENIas
¢NIlas
INIas

Alddns Jamod

LI

AVSS
AVDD

DVSS
DVDD
VRD_PLL

VRA_PLL
VBGAP
AVSS_PLL

AVDD_REF

AVDD_PLL
VR_PLL

B0011-01

Figure 1-1. TAS5508C Functional Structure
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1.3 TAS5508C System Diagrams

Typical applications for the TAS5508C are 6- to 8-channel audio systems such as DVD or AV receivers.
Figure 1-2 shows the basic system diagram of the DVD receiver.

| 1
| |
: ék/l/l .T exas IngTrumenTg :
| Power Supply Tuner Digital Audio Amplifier |
: |

4 |

TAS5508C

| u |
| |
| |
| |
: DVD Loader MPEG Decoder :
| |
| - - |
| |
: Front-Panel Controls :

Figure 1-2. Typical TAS5508C Application (DVD Receiver)

Figure 1-3 shows the recommended channel configuration when using the TAS5508C with the TAS5121
power stage. Note that each channel is normally dedicated to a particular function.

12 Introduction PWM Copyright © 2010, Texas Instruments Incorporated
Submit Documentation Feedback
Product Folder Link(s): TAS5508C


http://focus.ti.com/docs/prod/folders/print/tas5508c.html
http://www.go-dsp.com/forms/techdoc/doc_feedback.htm?litnum=SLES257&partnum=TAS5508C
http://focus.ti.com/docs/prod/folders/print/tas5508c.html

i3 TEXAS
INSTRUMENTS

www.ti.com

TAS5508C

SLES257-SEPTEMBER 2010

RIGHT BACK LEFT BACK RIGHT LEFT
SURROUND SURROUND SUBWOOFER CENTER ~ SURROUND SURROUND RIGHT LEFT
+ - + - + - - + - + - + - + -
@) @)
e - - - - —— T T—T™
| I/ I I/ I/ I I I el |
| AN I\ AN % AN I\ I\ I\ AN |
| | TAass121 TAS5121 TAS5121 TAS5121 TAS5121 TAS5121 TAS5121 TAS5121 :
| o + A A LA FF A A A A A4 KD |
I o EI o EI o EI o EI o EI o EI o EI o EI I
| 3| = s| s s| s s| s s| s s| s s| s s| s| |
= = = = = = = = = = = = = = = = |
I o o o o o o o o o o o o o o o o I
I O| o| "O| I'O| g % : S I
I a| = a| = a| o o | o
§| 2| 2| EI T T ] |
I 22| =2 TAS5508C 2| 2 A= |
| alal a|a I 2| 2 Headphone
, | vY VvV \ 2 / \ A 4 Out Left
Lineout L eft
<4“—4— pwMtoAndog PWM to Andog Headphone
GNuRiont) (Line Level) (HeadphoneLevel) | | oyt Rignt
e I e J
53| Is|gl 93
5| o818 if
(%) O n
S8l Z2|° ¢
el %5 %o
ey
¥e)
v S v

Figure 1-3. Recommended TAS5508C and TAS5121 Channel Configuraton
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2 Description

2.1 Physical Characteristics

2.1.1 Terminal Assignments

PAG PACKAGE

] VR_PWM
] PWM_P_4
] PWM_M_4
] PWM_P_3
] PWM_M_3
] PWM_P_2
] PWM_M_2
] PWM_P 1
1 PWM_M_1
] VALID

] Dvss

] BKND_ERR
] bvDD

] DVss

] DVsSs

] VR_DIG

(TOP VIEW)
x X o J S s
asSas
a &&&&©|©Im|mI§;w|wI'\|'\l
S I ITITIa=a="%a>as=
TR 2 I e T T O o P O e
thSiSssssssspffssss
Hozz=3=3=3>>=2=2=2=
x=onooooooooooooo
ararararararararararararacrariar
@64 63 62 61 60 59 58 57 56 55 54 53 52 51 50 49
VRA PLL[]1 48
PLL_FLT RET [] 2 47
PLL_FLTM [] 3 46
PLL_FLTP [] 4 45
AVSS|:5 44
AVSS [ 6 43
VRD_PLL [ 7 42
AVSS PLL []8 41
AVDD PLL []9 40
VBGAP [] 10 39
RESET [] 11 38
HP_SEL [] 12 37
PDN [] 13 36
MUTE [] 14 35
DVDD [] 15 34
DVSS [] 16 33
(17 18 19 20 21 22 23 24 25 26 27 28 29 30 31 32
LI JL I I JL I JL I I JL JL JL I JL JL
— O — S O N A
—'<'SZ|BBBEQ§§ZZZZ§
%UO_|>>>U)U)g8QQQQU)
SGIEEEET 5268650
0
>0x wad
X x

2.1.2 Ordering Information

P0010-01

Ta

PLASTIC 64-PIN PQFP (PN)

0°C to 70°C

TAS5508CPAG
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2.1.3 PIN Descriptions

PIN

W 5V @
NAME NO. TYPE TOLERANT TERMINATION DESCRIPTION

AVDD_PLL 9 P 3.3-V analog power supply for PLL. This terminal can be connected to the same
power source used to drive power terminal DVDD, but to achieve low PLL jitter,
this terminal should be bypassed to AVSS_PLL with a 0.1-uF low-ESR
capacitor.

AVSS 56 Analog ground

AVSS_PLL 8 Analog ground for PLL. This terminal should reference the same ground as
terminal DVSS, but to achieve low PLL jitter, ground noise at this terminal must
be minimized. The availability of the AVSS terminal allows a designer to use
optimizing techniques such as star ground connections, separate ground planes,
or other quiet ground-distribution techniques to achieve a quiet ground reference
at this terminal.

BKND_ERR 37 DI Pullup Active-low. A back-end error sequence is generated by applying logic low to this
terminal. The BKND_ERR results in no change to any system parameters, with
all H-bridge drive signals going to a hard-mute (M) state.

DVDD 15, 36 3.3-V digital power supply

DVDD_PWM 54 3.3-V digital power supply for PWM

DVSS 16, 34, Digital ground

35, 38

DVSS_PWM 53 P Digital ground for PWM

HP_SEL 12 DI 5V Pullup Headphone in/out selector. When a logic low is applied, the headphone is
selected (speakers are off). When a logic high is applied, speakers are selected
(headphone is off).

LRCLK 26 DI 5V Serial-audio data left/right clock (sampling-rate clock)

MCLK 63 DI 5V Pulldown MCLK is a 3.3-V master clock input. The input frequency of this clock can range
from 4 MHz to 50 MHz.

MUTE 14 DI 5V Pullup Soft mute of outputs, active-low (muted signal = a logic low, normal operation =
a logic high). The mute control provides a noiseless volume ramp to silence.
Releasing mute provides a noiseless ramp to previous volume.

OSC_CAP 18 AO Oscillator capacitor

PDN 13 DI 5V Pullup Power down, active-low. PDN powers down all logic and stops all clocks
whenever a logic low is applied. The internal parameters are preserved through
a power-down cycle, as long as RESET is not active. The duration for system
recovery from power down is 100 ms.

PLL_FLT_RET 2 AO PLL external filter return

PLL_FLTM AO PLL negative input. Connected to PLL_FLT_RTN via an RC network

PLL_FLTP Al PLL positive input. Connected to PLL_FLT_RTN via an RC network

PSvC 32 O Power-supply volume control PWM output

PWM_HPML 59 DO PWM left-channel headphone (differential —)

PWM_HPMR 61 DO PWM right-channel headphone (differential —)

PWM_HPPL 60 DO PWM left-channel headphone (differential +)

PWM_HPPR 62 DO PWM right-channel headphone (differential +)

PWM_M_1 40 DO PWM 1 output (differential —)

PWM_M_2 42 DO PWM 2 output (differential —)

PWM_M_3 44 DO PWM 3 output (differential —)

PWM_M_4 46 DO PWM 4 output (differential —)

PWM_M_5 55 DO PWM 5 output (differential —)

PWM_M_6 57 DO PWM 6 output (differential —)

PWM_M_7 49 DO PWM 7 (lineout L) output (differential —)

PWM_M_8 51 DO PWM 8 (lineout R) output (differential —)

PWM_P_1 41 DO PWM 1 output (differential +)

PWM_P_2 43 DO PWM 2 output (differential +)

PWM_P_3 45 DO PWM 3 output (differential +)

PWM_P_4 a7 DO PWM 4 output (differential +)

(1) Type: A = analog; D = 3.3-V digital; P = power/ground/decoupling; | = input; O = output

(2) All pullups are 200-mA weak pullups and all pulldowns are 200-mA weak pulldowns. The pullups and pulldowns are included to ensure
proper input logic levels if the terminals are left unconnected (pullups => logic-1 input; pulldowns => logic-0 input). Devices that drive
inputs with pullups must be able to sink 200 mA, while maintaining a logic-0 drive level. Devices that drive inputs with pulldowns must be
able to source 200 mA, while maintaining a logic-1 drive level.
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PIN

NAME

NO.

TYPE®

5-V
TOLERANT

TERMINATION®

DESCRIPTION

PWM_P 5

56

DO

PWM 5 output (differential +)

PWM_P_6

58

DO

PWM 6 output (differential +)

PWM_P_7

50

DO

PWM 7 (lineout L) output (differential +)

PWM_P_8

52

DO

PWM 8 (lineout R) output (differential +)

RESERVED

21, 22,
23, 64

Connect to digital ground

RESET

11

DI

5V

Pullup

System reset input, active-low. A system reset is generated by applying a logic
low to this terminal. RESET is an asynchronous control signal that restores the
TAS5508C to its default conditions, sets the valid output low, and places the
PWM in the hard mute (M) state. Master volume is immediately set to full
attenuation. On the release of RESET, if PDN is high, the system performs a 4-
to 5-ms device initialization and sets the volume at mute.

SCL

25

DI

5V

I2C serial-control clock input/output

SCLK

27

DI

5V

Serial-audio data clock (shift clock) input

SDA

24

DIO

5V

I2C serial-control data-interface input/output

SDIN1

31

DI

5V

Pulldown

Serial-audio data input 1 is one of the serial-data input ports. SDIN1 supports
four discrete (stereo) data formats and is capable of inputting data at 64 Fs.

SDIN2

30

DI

5V

Pulldown

Serial-audio data input 2 is one of the serial-data input ports. SDIN2 supports
four discrete (stereo) data formats and is capable of inputting data at 64 Fs.

SDIN3

29

DI

5V

Pulldown

Serial-audio data input 3 is one of the serial-data input ports. SDIN3 supports
four discrete (stereo) data formats and is capable of inputting data at 64 Fs.

SDIN4

28

DI

5V

Pulldown

Serial-audio data input 4 is one of the serial-data input ports. SDIN4 supports
four discrete (stereo) data formats and is capable of inputting data at 64 Fs.

VALID

39

DO

Output indicating validity of PWM outputs, active-high

VBGAP

10

Band-gap voltage reference. A pinout of the internally regulated 1.2-V reference.
Typically has a 1-nF low-ESR capacitor between VBGAP and AVSS_PLL. This
terminal must not be used to power external devices.

VR_DIG

33

Voltage reference for 1.8-V digital core supply. A pinout of the internally
regulated 1.8-V power used by digital core logic. A 4.7-uF low-ESR capacitor®
should be connected between this terminal and DVSS. This terminal must not
be used to power external devices.

VR_DPLL

17

Voltage reference for 1.8-V digital PLL supply. A pinout of the internally
regulated 1.8-V power used by digital PLL logic. A 0.1-pF low-ESR capacitor®
should be connected between this terminal and DVSS_CORE. This terminal
must not be used to power external devices.

VR_PWM

48

Voltage reference for 1.8-V digital PWM core supply. A pinout of the internally
regulated 1.8-V power used by digital PWM core logic. A 0.1-uF low-ESR
capacitor® should be connected between this terminal and DVSS_PWM. This
terminal must not be used to power external devices.

VRA_PLL

Voltage reference for 1.8-V PLL analog supply. A pinout of the internally
regulated 1.8-V power used by PLL logic. A 0.1-uF low-ESR capacitor® should
be connected between this terminal and AVSS_PLL. This terminal must not be
used to power external devices.

VRD_PLL

Voltage reference for 1.8-V PLL digital supply. A pinout of the internally
regulated 1.8-V power used by PLL logic. A 0.1-pF low-ESR capacitor® should
be connected between this terminal and AVSS_PLL. This terminal must not be
used to power external devices.

XTL_IN

20

Al

XTL_OUT and XTL_IN are the only LVCMOS terminals on the device. They
provide a reference clock for the TAS5508C via use of an external
fundamental-mode crystal. XTL_IN is the 1.8-V input port for the oscillator
circuit. A 13.5-MHz crystal (HCM49) is recommended.

XTL_OUT

19

AO

XTL_OUT and XTL_IN are the only LVCMOS terminals on the device. They
provide a reference clock for the TAS5508C via use of an external
fundamental-mode crystal. XTL_OUT is the 1.8-V output drive to the crystal. A
13.5-MHz crystal (HCM49) is recommended.

(3) If desired, low-ESR capacitance values can be implemented by paralleling two or more ceramic capacitors of equal value. Paralleling
capacitors of equal value provides an extended high-frequency supply decoupling. This approach avoids the potential of producing
parallel resonance circuits that have been observed when paralleling capacitors of different values.

2.2 TAS5508C Functional Description

Figure 2-1 shows the TAS5508C functional structure. The following sections describe the TAS5508C
functional blocks:

» Power supply

Copyright © 2010, Texas Instruments Incorporated
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» Clock, PLL, and serial data interface
 I?C serial-control interface

» Device control

» Digital audio processor (DAP)

Power Supply

The power-supply section contains supply regulators that provide analog and digital regulated power for
various sections of the TAS5508C. The analog supply supports the analog PLL, whereas digital supplies
support the digital PLL, the digital audio processor (DAP), the pulse-width modulator (PWM), and the
output control (reclocker). The regulators can also be turned off when terminals RESET and PDN are both
low.

Clock, PLL, and Serial Data Interface

The TAS5508C is a clocked slave-only device that requires the use of an external 13.5-MHz crystal. It
accepts MCLK, SCLK, and LRCLK as inputs only.

The TAS5508C uses the external crystal to provide a time base for:

e Continuous data and clock error detection and management

e Automatic data-rate detection and configuration

e Automatic MCLK-rate detection and configuration (automatic bank switching)

« Supporting I°C operation/communication while MCLK is absent

The TAS5508C automatically handles clock errors, data-rate changes, and master-clock frequency
changes without requiring intervention from an external system controller. This feature significantly
reduces system complexity and design.

2.2.2.1 Serial Audio Interface

The TAS5508C operates as a slave-only/receive-only serial data interface in all modes. The TAS5508C
has four PCM serial data interfaces to permit eight channels of digital data to be received though the
SDIN1, SDIN2, SDIN3, and SDIN4 inputs. The serial audio data is in MSB-first, 2s-complement format.

The serial data input interface of the TAS5508C can be configured in right-justified, 1S, or left-justified
modes. The serial data interface format is specified using the I1°C data-interface control register. The
supported formats and word lengths are shown in Table 2-1.

18
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224

2.25

2.2.5.

Table 2-1. Serial Data Formats

RECEIVE SERIAL DATA FORMAT WORD LENGTH
Right-justified 16
Right-justified 20
Right-justified 24

s 16
s 20
s 24
Left-justified 16
Left-justified 20
Left-justified 24

Serial data is input on SDIN1, SDIN2, SDIN3, and SDIN4. The TAS5508C accepts 16-, 20-, or 24-bit
serial data at 32, 38, 44.1, 48, 88.2, 96, 176.4, or 192 kHz in left-justified, I1>S, or right-justified format.
Data is input using a 64-Fs SCLK clock and an MCLK rate of 128, 192, 256, 384, 512, or 768 Fs, up to a
maximum of 50 MHz. The clock speed and serial data format are 1°C configurable.

| °C Serial-Control Interface

The TAS5508C has an I°C serial-control slave interface (address 0x36) to receive commands from a
system controller. The serial-control interface supports both normal-speed (100 kHz) and high-speed (400
kHz) operations without wait states. Because the TAS5508C has a crystal time base, this interface
operates even when MCLK is absent.

The serial control interface supports both single-byte and multiple-byte read/write operations for status
registers and the general control registers associated with the PWM. However, for the DAP
data-processing registers, the serial control interface also supports multiple-byte (4-byte) write operations.

The 12C supports a special mode which permits 1°C write operations to be broken up into multiple
data-write operations that are multiples of 4 data bytes. These are 6-byte, 10-byte, 14-byte, 18-byte, etc.,
write operations that are composed of a device address, read/write bit, subaddress, and any multiple of 4
bytes of data. This permits the system to incrementally write large register values without blocking other
I2C transactions. In order to use this feature, the first block of data is written to the target I°C address, and
each subsequent block of data is written to a special append register (OXxFE) until all the data is written
and a stop bit is sent. An incremental read operation is not supported.

Device Control

The TAS5508C control section provides the control and sequencing for the TAS5508C. The device control
provides both high- and low-level control for the serial control interface, clock and serial data interfaces,
digital audio processor, and pulse-width modulator sections.

Digital Audio Processor (DAP)

The DAP arithmetic unit is used to implement all audio-processing functions: soft volume, loudness
compensation, bass and treble processing, dynamic range control, channel filtering, input and output
mixing. Figure 2-3 shows the TAS5508C DAP architecture.

The DAP accepts 24-bit data from the serial data interface and outputs 32-bit data to the PWM section.
The DAP supports two configurations, one for 32-kHz to 96-kHz data and one for 176.4-kHz to 192-kHz
data.

1 TAS5508C Audio-Processing Configurations

The 32-kHz to 96-kHz configuration supports eight channels of data processing that can be configured
either as eight channels, or as six channels with two channels for separate stereo line outputs.

Copyright © 2010, Texas Instruments Incorporated Description 19
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The 176.4-kHz to 192-kHz configuration supports three channels of signal processing with five channels
passed though (or derived from the three processed channels).

To support efficiently the processing requirements of both multichannel 32-kHz to 96-kHz data and the
2-channel 176.4-kHz and 192-kHz data, the TAS5508C has separate audio-processing features for
32-kHz to 96-kHz data rates and for 176.4 kHz and 192 kHz. See Table 2-2 for a summary of TAS5508C
processing feature sets.

2.2.5.2 TAS5508C Audio Signal-Processing Functions

The DAP provides 10 primary signal-processing functions:

1.

The data-processing input has a full 8x8 input crossbar mixer. This enables each input to be any ratio
of the eight input channels.

Two 1°C programmable threshold detectors in each channel support automute.
Seven biquads per channel

Four soft bass and treble tone controls with +18-dB range, programmable corner frequencies, and
second-order slopes. In 8-channel mode, bass and treble controls are normally configured as follows:

Bass and treble 1: Channel 1 (left), channel 2 (right), and channel 7 (center)

Bass and treble 2: Channel 3 (left surround) and channel 4 (right surround)

Bass and treble 3: Channel 5 (left back surround) and channel 6 (right back surround)
Bass and treble 4: Channel 8 (subwoofer)

Individual channel and master volume controls. Each control provides an adjustment range of 18 dB to
—127 dB. This permits a total volume device control range of 36 dB to —127 dB plus mute. The master
volume control can be configured to control six or eight channels. The DAP soft volume and mute
update interval is I°C programmable. The update is performed at a fixed rate regardless of the sample
rate.

Programmable loudness compensation that is controlled via the combination of the master and
individual volume settings.

Two dual-threshold dual-rate dynamic range compressors (DRCs). The volume gain values provided
are used as input parameters using the maximum RMS (master volume x individual channel volume).

8x2 output mixer (channels 1-6). Each output can be any ratio of any two signal-processed channels.

8x3 output mixer (channels 7 and 8). Each output can be any ratio of any three signal-processed
channels.

10. The DAP maintains three sets of coefficient banks that are used to maintain separate sets of

sample-rate-dependent parameters for the biquad, tone controls, loudness, and DRC in RAM. These
can be set to be automatically selected for one or more data sample rates or can be manually selected
under 1°C program control. This feature enables coefficients for different sample rates to be stored in
the TAS5508C and then selected when needed.
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Table 2-2. TAS5508C Audio Processing Feature Sets

32 kHz-96 kHz

32 kHz—-96 kHz

176.4- and 192-kHz

controls

FEATURE 8-CHANNEL FEATURE SET 6 + 2 LINEOUT FEATURE SET FEATURE SET
Signal-processing channels 8 6+2 3
Pass-through channels N/A 5
Master volume 1 for 8 channels 1 for 6 channels 1 for 3 channels
Individual channel volume 8 3

Bass and treble tone
controls

Four bass and treble tone controls
with +18-dB range, programmable
corner frequencies, and second-
order slopes

L, R, and C (Ch1, 2, and 7)

Four bass and treble tone controls
with +18-dB range, programmable
corner frequencies, and second-
order slopes

L, R, and C (Ch1, 2, and 7)

Two bass and treble tone
controls with +18-dB range,
programmable corner
frequencies, and second-order

slopes
LS, RS (Ch3 and 4) LS, RS (Ch3 and 4)
LBS, RBS (Ch5 and 6) Sub (Ch8) s j‘g“zc'f]é)cm and 2)
Sub (Ch8) Line L and R (Ch5 and 6)
Biquads 6 21

Dynamic range
compressors

DRC1 for seven satellites and
DRC2 for sub

DRC1 for five satellites and DRC2

for sub (Ch5 and 6 uncompressed)

DRC1 for two satellites and
DRC2 for sub

Input/output mapping/
mixing

Each of the eight signal-processing channel inputs can be any ratio of the

eight input channels.

Each of the eight outputs can be any ratio of any two processed channels.

Each of the three signal-
processing channels or the five
pass-though channel inputs can
be any ratio of the eight input
channels.

Each of the eight outputs can be
any ratio of any of the three
processed channels or five
bypass channels.

DC-blocking filters
(implemented in PWM
section)

Eight channels

Digital de-emphasis
(implemented in PWM
section)

Eight channels for 32 kHz,
44.1 kHz, and 48 kHz

Six channels for 32 kHz, 44.1 kHz,
and 48 kHz

N/A

Loudness

Eight channels

Six channels

Three channels

stored

Number of coefficient sets

Three additional coefficient sets can be stored in memory.

2.3 TAS5508C DAP Architecture

2.3.1 TAS5508C DAP Architecture Diagrams
Figure 2-1 shows the TAS5508C DAP architecture for Fs =

96 kHz. Note the TAS5508C bass

management architecture shown in channels 1, 2, 7, and 8. Note that the I1°C registers are shown to help
the designer configure the TAS5508C.

Figure 2-2 shows the TAS5508C architecture for Fs = 176.4 kHz or Fs = 192 kHz. Note that only channels
1, 2, and 8 contain all the features. Channels 3-7 are pass-through except for master volume control.

Figure 2-3 shows TAS5508C detailed channel processing. The output mixer is 8x2 for channels 1-6 and
8x3 for channels 7 and 8.
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Master Vol
(0xD9) Max Vol
SDINI-L (L) D —p A
SDIN1-R (R) —{ B IP Mixer 1 - -
SDIN2-L (LS) > C  (12C ox41) 7DAP 1 Bass and DAP 1 Loud DRC1 OE Mixer 1
SDIN2-R (RS) —p| D 8x8 T BQ || Treble 1 | | Volume I ness | | (0x96- || (1°C OxAA) _»L to
SDIN3-L (LBS) — E < (0x51- (OXDA- (0x91- 8 x[2 Output PWM1
SDING-R (Res) —p £ Crossbar ox57) | | oxopy | | @PD | | oxes) | | 99 Mixer
SDIN4-L (C) —{ G Input Mixer
SDIN4-R (LFE) —p{ H Master Vol
(0xD9) Max Vol
SDINI-L (L) —] A
SDINL-R (R) @ —p B IP Mixer 2 -
SOIN2L (LS) —B{ © (12 0x42) 7 DAP 2| |Bass and DAP 2 Loud DRC1 OE‘ Mixer 2
SDIN2-R (RS) —{ D 8x8 T BQ | | Treble 1 || volume | ness | | (0x96— | (I°C 0xAB) _»R to
SDIN3-L (LBS) —P E ék'l/ (0x58- (OXDA- (0x91- 8 x[2 Output PWM2
SDING-R (ReS) —p| £ Crossbar ] 0XSE) oxoD) | | ©P2 [ | oxes) 0x9C) Mixer
SDIN4-L (C) —{ G Input Mixer
SDIN4-R (LFE) — H Master Vol
(0xD9) Max Vol
SDINI-L (L) —p| A /
SDINL-R (R) —{ B IP Mixer 3 -
so2L (5) © —3f ¢ (12C 0x43) 7 DAP 3| |Bass and DAP 3 Loud- DRC1 05 Mixer 3
SDIN2-R (RS) —p| D 8x8 BQ | | Treble 2 || volume | ness | | (0x96— | (1°C 0xAC) _»LS to
SOINSL (LBS) — M E ' (OX5F— (OXDA- 0xD3 (0x91- 0x9C) 8 x2 Output| ~ PWM3
SDINS-R (RBS) —p F ) 0x65) oxop) | | D3 0x95) Mixer
SDIN4-L (C) —| G Input Mixer
SDIN4-R (LFE) —{ H Master Vol
(0xD9) Max Vol
SDINI-L (L) —] A
SDIN1-R (R) —p{ B IP Mixer 4 - -
somz-L (9) —bf ¢ (j12¢ oxa4) 7 DAP 4| |Bass and DAP 4 Loud DRC1 Og’ Mixer 4
SDIN2-R (RS) ® —] D 8x8 BQ || Treble 2 || Volume I ness | | (0x96- |— (1“C OxAD) _»RS to
SDIN3-L (LBS) — E (0Ox66— (OxDA- (0x91- 8 x[2 Output PWM4
SDINSR (RBS) —p| £ Crossbar ox6c) | | oxopy | | @ | | oxes) | | @99 Mixer
SDIN4-L (C) —{ G Input Mixer
SDIN4-R (LFE) —{ H Master Vol
(0xD9) Max Vol
SDIN1-L (L) —p| A
SDINL-R (R) —{ B IP Mixer 5 -
SoiN2-L (L) —B{ ©  (12C oxas) 7 DAP 5| |Bass and DAP 5 Loud- DRC1 OE Mixer 5
SDIN2-R (RS) —{ D 8x8 BQ || Treble 3 || volume | ness | | (0x96- | (I°C OXAE) LBS to
SDIN3-L (LBS) & — E (0x6D- (OXDA- (0x91- 8 x[2 Output PWM5
SDINS-R (Res) —p £ Crossbar 0x73) oxoD) | | P9 [ | oxes) 0x9€) Mixer
SDIN4-L (C) —| G Input Mixer
SDIN4-R (LFE) —{ H Master Vol
(0xD9) Max Vol
SDINL-L (L) —p| A
SDINI-R (R) —p| B IP Mixer 6 - -
SDIN2-L (LS) —{ € (12C 0x46) 7 DAP 6| |Bass and DAP 6 Loud DRC1 O;’ Mixer 6
SDIN2-R (RS) —{ D 8x8 BQ | |Treble3)| | Volume | ness | | (0x96- || (12C OxAF) RBS to
SDIN3-L (LBS) — E (0x74- (OXDA- (0x91- 8 x2 Output [ . PWM6
SDIN3-R (RBS) ) —p| £ Crossbar Coeff = 0 (lin), (12C Ox4E) OX7A) 0xDD) (0xD6) 0x95) 0x9C) Mixer
SDIN4-L (C) — G Input Mixer
SDIN4-R (LFE) — H Coeff = 0 (lin), (12C 0x4B) Master Vol
(0xD9) Max Vol
SDINL-L (L) —p A Cogff =1 (lin)
SDINL-R (R) —{ B IP Mixer 7 (I°C 0x4D) "
SDINZ-L (LS) > C (12C 0x47) 2 DAP 7 5DAP 7| |Bass and DAP 7 Loud DRC1 OZP Mixer 7
SDIN2-R (RS) —| D 8x8 | BQ T BQ | | Treble 1 || volume | ness | | (0x96- || (I4C 0xBO0) _»C to
SDIN3-L (LBS) — E (0x7B- '\J (0x7D- (OXDA- (0x91- 8 x[3 Output PWM7
SDIN-R (Res) —p £ Crossbar 0x7C) 1 0x81) oxoD) | | @P7 [ | oxes) 0x9C) Mixer
SDIN4-L (C) D —pf G Input Mixer
SDIN4-R (LFE) — H >
Coeff = 0 (lin), (12C 0x4C)
Coeff = 0 (lin), (12C 0x49) Y Coeff = 0 (lin) Master Vol
. (12C 0x4A) (0xD9)  Max Vol
SDINI-L (L) —P| A Coeff = 1 (lin)
SDIN1-R (R) —p| B IP Mixer 8 (12C 0x50) - -
SDINZ-L (LS) > C (12 ox48) 2 DAP 8 5DAP 8| |Bass and DAP 8 Loud DRC2 02P Mixer 8
SDIN2-R (RS) —{ D ax8 BQ N N BQ Treble 4 Volume ness (0x9D— (1°C 0xB1) Sub to
SDIN3-L (LBS) — | E (0x82- 4 % (0x84- (OxDA- u (0x91- 8 x[3 Output PWM8
SDINSR (RES) —p FCrossbar 0x83) | oxss) oxoD) | | (@xP8) 0x95) OxAL) Mixer
SDIN4-L (C) —{ G Input Mixer
SDIN4-R (LFE) @ —{ H >
Coeff = 0 (lin), (12C 0x4F) B0014-01
(1) Default inputs
Figure 2-1. TAS5508C DAP Architecture With I°C Registers (Fs < 96 kHz)
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Master Vol
(0xD9) Max Vol
SDINT-L (L)) —Pf A ¢ ¢
SDIN1-R (R) —p{ B IP Mixer 1 OP Mixer 1
SDIN2L (LS) —p| c 2 4BQ Bass and| | ap 4 Loud- DRCA1 2
SDIN2R (RS) — | (I"C 0x41) (ox51- | Treble 1| |\ 1ime I ness | | (0x96 || (Coxaa) |, Lto
SDIN3-L (LBS) —| E 8x8 d 0x54) (OxDA- (0xD1) (0x91- 0x9C) 8x2 PWM1
SDIN3-R (RBS) — | F Crossbar 0xDD) 0x95) Output Mixer
SDIN4-L (C) —» G Input Mixer
DIN4-R (LFE) —»
s (LFE) a Master Vol
(0xD9) Max Vol
SDINT-L (L) — P A ¢ ¢
SDIN1-R (R)\" — B IP Mixer 2 -
SDIN2-L (LS) —p|c 2 4BQ Bassand[ | Happ Loud- DRCA OzP Mixer 2
SDIN2R (RS) —p| b (I"C 0x42) (0x58— | Treble 1| |\ ime | ness | | (0x96— || (PcoxaB) [ Rto
SONs-L (1BS) —plE  Bx8 | oxsey | | ©OAT | oxp2y [ | @911 1 oxac) 82 PWM2
SDIN3-R (RBS) —p| F Crossbar 0xDD) 0x95) Output Mixer
SDIN4-L (C) —» G Input Mixer
SDIN4-R (LFE) —»| H Master Vol
(0xD9)
SDINT-L (L) — | A ¢
SDIN1-R (R) —p{ B IP Mixer 3 OP Mixer 3
spIN2-L (Ls)" —{ C 2 DAP 3 DRC1
sDIN2R (Rs) —p| p  (I"C 0x43) (gx%l?— Volume (0x96— | (1”C 0xAC) p LSto
SONs-L (1BS) —plE  8x8 | “oxe1) (0xD3) 0x9C) 82 PWM3
SDIN3-R (RBS) — | F Crossbar Output Mixer
SDIN4-L (C) —» ¢ Input Mixer
SDIN4-R (LFE) —»{ H Master Vol
(0xD9)
SDINT-L (L) — | A ¢
SDIN1-R (R) —p{ B IP Mixer 4 OP Mixer 4
SDIN2-L (LS) —{ C (IZC 0x44) 3BQ DAP 4 DRC1 2
SDIN2R (RS)" — | D (0x66— Volume (0x96— || ("coxaD) | RSto
SDIN3L (L8S) —pfe 88 " ‘oxes) (0xD4) 0x9C) 8x2 P4
SDIN3-R (RBS) — | F Crossbar Output Mixer
SDIN4-L (C) —» G Input Mixer
S -
DINGR (LFE) —] H Master Vol
(0xD9)
SDINT-L (L) — | A ¢
SDIN1-R (R) —p{ B IP Mixer 5 i
SDINZL (LS) — M C 200 4c DAP 5 O,f Mixer 5
sDINZR (RS) — | b ( x45) Volume ("COxAE) |, LBSto
sDNa-L (LBs)) —p{E 8% 8 (0xD5) 8x2 PWM5
SDIN3-R (RBS) — | F Crossbar Output Mixer
SDIN4-L (C) —» G Input Mixer
S -
DIN-R (LFE) — H Master Vol
(0xD9)
SDINT-L (L) — | A ¢
SDIN1-R (R) —{ B IP Mixer 6 i
SDIN2-L (LS) —» C IZC 0x46 DAP 6 Os Mixer 6
sDINZR (RS) —p| b ( x46) Volume (I"COxAF) |, RBSto
SDIN3-L (LBS) — | E 8x8 (0xD6) 8x2 PWM6
SDIN3-R (RBS)"" —| F Crossbar Output Mixer
SDIN4-L (C) —» ¢ Input Mixer
SDIN4-R (LFE
DIN4-R (LFE) —»| H Master Vol
(0xD9)
SDINT-L (L) — | A ¢
SDIN1-R (R) —p{ B IP Mixer 7 OP Mixer 7
SDINZL (1S) — B C 12+ (g 47 3BQ DAP 7 DRC1 2
somzR (rs) —pfo (10 07) (0x7B- Volume (0x96— |{ ("C0xBO) | 4 Clo
SONs-L (1BS) —plE  Bx8 "| ‘ox7p) (0xD7) 0x9C) 8x3 PwM?
SDIN3-R (RBS) — | F Crossbar Output Mixer
sDIN4-L ()" — G Input Mixer
S -
DIN4-R (LFE) —» H Master Vol
(0xD9) Max Vol
SDINT-L (L) — | A ¢
SDIN1-R (R) —p{ B IP Mixer 8 i
SDINZL (LS) —{ C 120 4BQ Bassand| | hapg Loud- DRC2 os Mixer 8
SDIN2R (RS) —p| o (I"C 0x48) (ox82— | Treble 4| |\ 1ime || ness | | (oxoD- || (“coxB1) | Sub to
SDIN3L (LBS) —p| e 8x8 "I oxss) | | ©PA= [ (oxpey [ | ©91- [ ‘oxan) 8x3 PWM8
SDIN3-R (RBS) — | F Crossbar 0xDD) 0x95) Output Mixer
SDIN4-L (C) —» ¢ Input Mixer
SDIN4-R (LFE)" — H
B0015-03
(1) Default inputs
Figure 2-2. TAS5508C Architecture With 1°C Registers (Fs = 176.4 kHz or Fs = 192 kHz)
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Figure 2-3. TAS5508C Detailed Channel Processing

2.3.2 12C Coefficient Number Formats

The architecture of the TAS5508C is contained in ROM resources within the TAS5508C and cannot be
altered. However, mixer gain, level offset, and filter tap coefficients, which can be entered via the 1°C bus
interface, provide a user with the flexibility to set the TAS5508C to a configuration that achieves
system-level goals.

The firmware is executed in a 48-bit, signed, fixed-point arithmetic machine. The most significant bit of the
48-bit data path is a sign bit, and the 47 lower bits are data bits. Mixer gain operations are implemented
by multiplying a 48-bit, signed data value by a 28-bit, signed gain coefficient. The 76-bit, signed output
product is then truncated to a signed, 48-bit number. Level offset operations are implemented by adding a
48-bit, signed offset coefficient to a 48-bit, signed data value. In most cases, if the addition results in
overflowing the 48-bit, signed number format, saturation logic is used. This means that if the summation
results in a positive number that is greater than Ox7FFF FFFF FFFF (the spaces are used to ease the
reading of the hexadecimal number), the number is set to Ox7FFF FFFF FFFF. If the summation results in
a negative number that is less than 0x8000 0000 0000, the number is set to 0x8000 0000 0000.

2.3.2.1 28-Bit 5.23 Number Format

All mixer gain coefficients are 28-bit coefficients using a 5.23 number format. Numbers formatted as 5.23
numbers have 5 bits to the left of the binary point and 23 bits to the right of the binary point. This is shown
in Figure 2-4.
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2-29i Bit
|
|
274 Bit
|
|
271 Bit
20 Bit

23 Bit

Sign Bit
i vy \ 4

S XXXXXXXX_XXXX_XXXX_XXXX_XXXX_ XXX

M0007-01

Figure 2-4. 5.23 Format

The decimal value of a 5.23 format number can be found by following the weighting shown in Figure 2-5. If
the most significant bit is logic 0, the number is a positive number, and the weighting shown yields the
correct number. If the most significant bit is a logic 1, then the number is a negative number. In this case,
every bit must be inverted, a 1 added to the result, and then the weighting shown in Figure 2-5 applied to
obtain the magnitude of the negative humber.

23 Bit 22 Bit 20 Bit 271 Bit 274 Bit 2723 Bit

o Lo L

(Lor0) x23+(1or0) x22+...+(1or0) x20+(Lor0) x271+ .. +(lor0) x24+ ...+ (lor0) x 2723

MO0008-01

Figure 2-5. Conversion Weighting Factors—5.23 Format to Floating Point

Gain coefficients, entered via the 1°C bus, must be entered as 32-bit binary numbers. The format of the
32-bit number (4-byte or 8-digit hexadecimal number) is shown in Figure 2-6.
Sign Fraction
Bit Digit 6
Integer Fraction Fraction Fraction Fraction Fraction ;
:‘ Digit 1 ’:‘ Digit 1 ’:‘ Digit 2 *:* Digit 3 ’:‘ Digit 4 ’:‘ Digit 5 | 0:
| | | | | | | I

Lofufuful [s P P e fox o] oo fox o [ fox [ fox | [ [ox o fox | [ fox e fox | [ [ [ x x|

[ N N

Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient
Digit 8 Digit 7 Digit 6 Digit 5 Digit 4 Digit 3 Digit 2 Digit 1

u =unused or don’t care bits
Digit = hexadecimal digit
M0009-01

Figure 2-6. Alignment of 5.23 Coefficient in 32-Bit I1°C Word

As Figure 2-6 shows, the hexadecimal (hex) value of the integer part of the gain coefficient cannot be
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concatenated with the hex value of the fractional part of the gain coefficient to form the 32-bit 1°C
coefficient. The reason is that the 28-bit coefficient contains 5 bits of integer, and thus the integer part of
the coefficient occupies all of one hex digit and the most significant bit of the second hex digit. In the same
way, the fractional part occupies the lower three bits of the second hex digit, and then occupies the other
five hex digits (with the eighth digit being the zero-valued most significant hex digit).

2.3.2.2 48-Bit 25.23 Number Format

All level adjustment and threshold coefficients are 48-bit coefficients using a 25.23 number format.
Numbers formatted as 25.23 numbers have 25 bits to the left of the decimal point and 23 bits to the right
of the decimal point. This is shown in Figure 2-7.

2723 Bit
\
\
2-10 Bijt
\
\

2-1 Bit
20 Bit

216 Bijt
|

222 Bijt
223 Bit

Sign Bit
i vy A 4 A 4

S XXX XXX _XXXKX_XXXKX XXX XXXKXXXX_XXXX_XXXX_XXXX_XXXX XXX

MO0007-02

Figure 2-7. 25.23 Format

Figure 2-8 shows the derivation of the decimal value of a 48-bit 25.23 format number.

223 Bit 222 Bit 20 Bit 271 Bit 2723 Bit

Lo T

(Lor0) x223+(1or0) x222+ ...+ (1or0) x20+ (L or0) x271+ ... + (1 or0) x 2723

MO0008-02

Figure 2-8. Alignment of 5.23 Coefficient in 32-Bit 1°C Word

Two 32-bit words must be sent over the I°C bus to download a level or threshold coefficient into the
TAS5508C. The alignment of the 48-bit, 25.23 formatted coefficient in the 8-byte (two 32-bit words) I°C
word is shown in Figure 2-9.
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Sign Digit 4
Bit (Bits 2 11 - 29)
Integer Integer Integer ;
:<_ Digit 1 -’:* Digit 2 -’:‘_ Digit 3 | |
| | | | | Word 1
Most-
[uuTuTu] [uluuTu] fufuTuTu] [uTuTulu] [STxDe] D] D] T Someant
[ T
Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient
Digit 16 Digit 15 Digit 14 Digit 13 Digit 12 Digit 11 Digit 10 Digit 9
Integer
Digit 4 Fraction
(Bit 28) Digit 6
Integer Integer Fraction Fraction Fraction Fraction Fraction ;
:‘ Digit 5 ’:‘ Digit 6 ’:‘ Digit 1 ’:‘ Digit 2 ’:‘ Digit 3 ’:‘ Digit 4 | Digit 5 | O:
| | | | | | | | | Word 2
Least-
[ENENE3 E3 | £ ER 3 E3 | 3 £ E B E3 £ £ E 3 K3 £ £ E R EY £ E EA R EY | K K EA R ol
I e
Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient Coefficient
Digit 8 Digit 7 Digit 6 Digit 5 Digit 4 Digit 3 Digit 2 Digit 1

u = unused or don't care bits
Digit = hexadecimal digit
MO0009-02

Figure 2-9. Alignment of 25.23 Coefficient in Two 32-Bit I2C Words

2.3.2.3 TAS5508C Audio Processing

The TAS5508C digital audio processing is designed so that noise produced by filter operations is
maintained below the smallest signal amplitude of interest, as shown in Figure 2-10. The TAS5508C
achieves this low noise level by increasing the precision of the signal representation substantially above
the number of bits that are absolutely necessary to represent the input signal.

Similarly, the TAS5508C carries additional precision in the form of overflow bits to permit the value of
intermediate calculations to exceed the input precision without clipping. The TAS5508C advanced digital
audio processor achieves both of these important performance capabilities by using a high-performance

digital audio processing architecture with a 48-bit data path, 28-bit filter coefficients, and a 76-bit
accumulator.

Copyright © 2010, Texas Instruments Incorporated Description 27

Submit Documentation Feedback
Product Folder Link(s): TAS5508C


http://focus.ti.com/docs/prod/folders/print/tas5508c.html
http://www.go-dsp.com/forms/techdoc/doc_feedback.htm?litnum=SLES257&partnum=TAS5508C
http://focus.ti.com/docs/prod/folders/print/tas5508c.html

13 Ti
TAS5508C INSTRUMENTS

SLES257—-SEPTEMBER 2010 www.ti.com

Ideal Input Possible Outputs Desired Output

Overflow Values Rete}ined by
Overflow Bits

Maximum Signal Amplitude A . ? A
Filter Reduced
Operation SNR .
Signal Signal S|gna|
Bits Bits
Output Output
Input - - P
Noise Floor With No
v Additi | Precisi
H itiona reuswm_ R 2
Noise Floor as a Result
of Additional Precision

M0010-01

Figure 2-10. TAS5508C Digital Audio Processing

2.4 Input Crossbar Mixer
The TAS5508C has a full 8x8 input crossbar mixer. This mixer permits each signal processing channel
input to be any ratio of any of the eight input channels, as shown in Figure 2-11. The control parameters
for the input crossbar mixer are programmable via the I°C interface. See the Input Mixer Registers
(0Ox41-0x48, Channels 1-8), Section 7.16, for more information.
Gain Coefficient
@ 48
Gain Coefficient
28
48 48
SDIN1-R :\Z</
. Gain Coefficient %S
% 48
M0011-01
Figure 2-11. Input Crossbar Mixer
2.5 Biquad Filters
For 32-kHz to 96-kHz data, the TAS5508C provides 56 biquads across the eight channels (seven per
channel).
For 176.4-kHz and 192-kHz data, the TAS5508C has 21 biquads across the three channels (seven per
channel). All of the biquad filters are second-order direct form | structure.
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The direct form | structure provides a separate delay element and mixer (gain coefficient) for each node in
the biquad filter. Each mixer output is a signed 76-bit product of a signed 48-bit data sample (25.23 format
number) and a signed 28-bit coefficient (5.23 format number), as shown in Figure 2-12. The 76-bit ALU in
the TAS5508C allows the 76-bit resolution to be retained when summing the mixer outputs (filter
products).

The five 28-bit coefficients for the each of the 56 biquads are programmable via the 1°C interface. See
Table 2-3.

by
28
48 6 76 Magnitude 48
———>(X) » > ——0—>

Truncation
v b, a, v
7" 28 28 z"
48 76 76 48
>X) )4
v b, v
-1
z

ap
z" 28 28
48 76 76 48
&) X

n
»

M0012-01

Figure 2-12. Biquad Filter Structure

All five coefficients for one biquad filter structure are written to one I2C register containing 20 bytes (or five
32-bit words). The structure is the same for all biquads in the TAS5508C. Registers 0x51-0x88 show all
the biquads in the TAS5508C. Note that u[31:28] bits are unused and default to 0x0.

Table 2-3. Contents of One 20-Byte Biquad Filter Register (Default = All-Pass)

INITIALIZATION GAIN COEFFICIENT VALUE
DESCRIPTION REGISTER FIELD CONTENTS

DECIMAL HEX
by coefficient u[31:28], b0[27:24], b0[23:16], b0[15:8], bO[7:0] 1.0 0x00, 0x80, 0x00, 0x00
b, coefficient u[31:28], b1[27:24], b1[23:16], b1[15:8], b1[7:0] 0.0 0x00, 0x00, 0x00, 0x00
b, coefficient u[31:28], b2[27:24], b2[23:16], b2[15:8], b2[7:0] 0.0 0x00, 0x00, 0x00, 0x00
a, coefficient u[31:28], al[27:24], al1[23:16], al[15:8], al[7:0] 0.0 0x00, 0x00, 0x00, 0x00
a, coefficient u[31:28], a2[27:24], a2[23:16], a2[15:8], a2[7:0] 0.0 0x00, 0x00, 0x00, 0x00

2.6 Bass and Treble Controls

From 32-kHz to 96-kHz data, the TAS5508C has four bass and treble tone controls. Each control has a
+18-dB control range with selectable corner frequencies and second-order slopes. These controls operate
four channel groups:

* L,R,and C (channels 1, 2, and 7)

* LS, RS (channels 3 and 4)

* LBS, RBS (alternatively called L and R lineout) (channels 5 and 6)

* Sub (channel 8)

For 176.4-kHz and 192-kHz data, the TAS5508C has two bass and treble tone controls. Each control has

a +18-dB I2C control range with selectable corner frequencies and second-order slopes. These controls
operate two channel groups:
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The bass and treble filters use a soft update rate that does not produce artifacts during adjustment.

Table 2-4. Bass and Treble Filter Selections

3-dB CORNER FREQUENCIES
(kFHSz) FILTER SET 1 FILTER SET 2 FILTER SET 3 FILTER SET 4 FILTER SET 5
BASS | TREBLE | BASS | TREBLE BASS TREBLE BASS TREBLE BASS TREBLE
32 42 917 83 1833 125 3000 146 3667 167 4333
38 49 1088 99 2177 148 3562 173 4354 198 5146
44.1 57 1263 115 2527 172 4134 201 5053 230 5972
48 63 1375 125 2750 188 4500 219 5500 250 6500
88.2 115 2527 230 5053 345 8269 402 10106 459 11944
96 125 2750 250 5500 375 9000 438 11000 500 13000
176.4 230 5053 459 10106 689 16538 804 20213 919 23888
192 250 5500 500 11000 750 18000 875 22000 1000 26000

The I2C registers that control bass and treble are:

» Bass and treble bypass register (0x89-0x90, channels 1-8)
» Bass and treble slew rates (0xDO)

» Bass filter sets 1-5 (OxDA)

» Bass filter index (0xDB)

» Treble filter sets 1-5 (0xDC)

» Treble filter index (OxDD)

2.7 Volume, Automute, and Mute

The TAS5508C provides individual channel and master volume controls. Each control provides an
adjustment range of 18 dB to —100 dB in 0.25-dB increments. This permits a total volume device control
range of 36 dB to —100 dB plus mute. The master volume control can be configured to control six or eight
channels.

The TAS5508C has a master soft mute control that can be enabled by a terminal or 1°C command. The
device also has individual channel soft mute controls that are enabled via I>C.

The soft volume and mute update rates are programmable. The soft adjustments are performed using a
soft-gain linear update with an I2C-programmable linear step size at a fixed temporal rate. The linear
soft-gain step size can be varied from 0.5 to 0.003906. Table 2-5 lists the linear gain step sizes.

Table 2-5. Linear Gain Step Size

STEP SIZE (GAIN) 0.5 0.25 0.125 | 0.0625 | 0.03125 | 0.015625 | 0.007813 0.003906
Time to go from 36.124 db to —127 dB in ms 10.67 21.33 42.67 85.34 170.67 340.35 682.70 1365.4
Time to go from 18.062 db to —127 dB in ms 1.33 2.67 5.33 10.67 21.33 42.67 85.33 170.67
Time to go from 0 db to =127 dB in ms 0.17 0.33 0.67 1.33 2.67 5.33 10.67 21.33

2.8 Automute and Mute
The TAS5508C has individual channel automute controls that are enabled via the I1°C interface. Two
separate detectors can trigger the automute:

* Input automute: All channels are muted when all 8 inputs to the TAS5508C are less in magnitude than
the input threshold value for a programmable amount of time.
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* Output automute: A single channel is muted when the output of the DAP section is less in magnitude
than the input threshold value for a programmable amount of time.

The detection period and thresholds for these two detectors are the same.

This time interval is selectable via I>C to be from 1 ms to 110 ms. The increments of time are 1, 2, 3, 4, 5,
10, 20, 30, 40, 50, 60, 70, 80, 90, 100, and 110 ms. This interval is independent of the sample rate. The
default value is mask programmable.

The input threshold value is an unsigned magnitude that is expressed as a bit position. This value is
adjustable via I1°C. The range of the input threshold adjustment is from below the LSB (bit position 0) to
below bit position 12 in a 24-bit input-data word (bit positions 8 to 20 in the DSPE). This range provides an
input threshold that can be adjusted for 12 to 24 bits of data. The default value is mask programmable.

‘H— CDDataRange ——pl

}4 DVD Data Range %
\
\
\

\

\

|

24-BitInput |23 22 21 20 19 18 17 16 15 14 13 12111 10 9 817 6 5 4 3 2 1 o0
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19 18 17 16
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\ \
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32 Bits in DSPE { I

| 15 14 1312 11 10 9 8|7 6 5 4 3 2 1 0
l

‘ |
\

\
\

|

‘47 Threshold Range —— P
|

MO0013-01

Figure 2-13. Automute Threshold

The automute state is exited when the TAS5508C receives one sample that is greater than the output
threshold.

The output threshold can be one of two values:
» Equal to the input threshold
» 6 dB (one bit position) greater than the input threshold

The value for the output threshold is selectable via 1°C. The default value is mask programmable.
The system latency enables the data value that is above the threshold to be preserved and output.

A mute command initiated by automute, master mute, individual 1°C mute, the AM interference mute
sequence, or the bank-switch mute sequence overrides an unmute command or a volume command.
While a mute command is activated, the commanded channels transition to the mute state. When a
channel is unmuted, it goes to the last commanded volume setting that has been received for that
channel.

2.9 Loudness Compensation

The loudness compensation function compensates for the Fletcher-Munson loudness curves. The
TAS5508C loudness implementation tracks the volume control setting to provide spectral compensation
for weak low- or high-frequency response at low volume levels. For the volume tracking function, both
linear and logarithmic control laws can be implemented. Any biquad filter response can be used to provide
the desired loudness curve. The control parameters for the loudness control are programmable via the 1°C
interface.
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The TAS5508C has a single set of loudness controls for the eight channels. In 6-channel mode, loudness
is available to the six speaker outputs and also to the line outputs. The loudness control input uses the
maximum individual master volume (V) to control the loudness that is applied to all channels. In the
192-kHz and 176.4-kHz modes, the loudness function is active only for channels 1, 2, and 8.

\%

Audio In

{) Audio Out

Loudness
Biquad
H(z)

Loudness Function = f(V) \Y
B0017-01

Figure 2-14. Loudness Compensation Functional Block Diagram

Loudness function = f(V) = G x[2(°9 V) X LG * LO] + O or alternatively,

Loudness function = f(V) = G x [VL¢ x 291 + O

For example, for the default values LG =-0.5, LO =0, G =1, and O =0, then:

Loudness function = 1/SQRT(V), which is the recommended transfer function for loudness. So,

Audio out = (audio in) x V + H(Z) x SQRT(V). Other transfer functions are possible.

Table 2-6. Default Loudness Compensation Parameters

LOUDNESS DESCRIPTION USAGE DATA 1°c DEFAULT
TERM FORMAT SUB-
ADDRESS HEX FLOAT
Y, Max volume Gains audio 5.23 NA NA NA
Log V Log, (max volume) Loudness function 5.23 NA 0000 0000 0.0
H(2) Loudness biquad Controls shape of 5.23 0x95 by = 0000 D513 by = 0.006503
loudness curves b, = 0000 0000 b, =0
b, = OFFF 2AED b, = -0.006503
a; = 00FE 5045 a; = 1.986825
a, = OF81 AA27 a, = -0.986995
LG Gain (log space) Loudness function 5.23 0x91 FFCO0 0000 -0.5
LO Offset (log space) Loudness function 25.23 0x92 0000 0000 0
G Gain Switch to enable 5.23 0x93 0000 0000 0
loudness (ON = 1, OFF = 0)
(0] Offset Provides offset 25.23 0x94 0000 0000 0

2.9.1 Loudness Example

Problem: Due to the Fletcher-Munson phenomena, we want to compensate for low-frequency attenuation
near 60 Hz. The TAS5508C provides a loudness transfer function with EQ gain = 6, EQ center frequency
=60 Hz, and EQ bandwidth = 60 Hz.

Solution: Using Texas Instruments ALE TAS5508C DSP tool, Matlab™, or other signal-processing tool,
develop a loudness function with the parameters listed in Table 2-7.
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Table 2-7. Loudness Function Parameters

LOUDNESS DESCRIPTION USAGE DATA 1’c DEFAULT
TERM FORMAT SUB-
ADDRESS HEX FLOAT
H(2) Loudness biquad Controls shape of 5.23 0x95 by = 0000 8ACE by = 0.004236
Loudness curves b, = 0000 0000 b;=0
b, = FFFF 7532 b, =-0.004236
a; = FF01 1951 a; =-1.991415
a, = 007E E914 a, = 0.991488
LG Loudness gain Loudness function 5.23 0x91 FFCO0 0000 -0.5
LO Loudness offset Loudness function 25.23 0x92 0000 0000 0
G Gain Switch to enable 5.23 0x93 0080 0000 1
loudness (ON =1, OFF = 0)
o Offset Offset 25.23 0x94 0000 0000 0
See Figure 2-15 for the resulting loudness function at different gains.
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Figure 2-15. Loudness Example Plots

2.10 Dynamic Range Control (DRC)

DRC provides both compression and expansion capabilities over three separate and definable regions of
audio signal levels. Programmable threshold levels set the boundaries of the three regions. Within each of
the three regions, a distinct compression or expansion transfer function can be established and the slope
of each transfer function is determined by programmable parameters. The offset (boost or cut) at the two
boundaries defining the three regions can also be set by programmable offset coefficients. The DRC
implements the composite transfer function by computing a 5.23-format gain coefficient from each sample
output from the rms estimator. This gain coefficient is then applied to a mixer element, whose other input
is the audio data stream. The mixer output is the DRC-adjusted audio data.

There are two distinct DRC blocks in the TAS5508C. DRC1 services channels 1-7 in the 8-channel mode
and channels 1-4 and 7 in the 6-channel mode. This DRC computes rms estimates of the audio data
streams on all channels that it controls. The estimates are then compared on a sample-by-sample basis
and the larger of the estimates is used to compute the compression/expansion gain coefficient. The gain
coefficient is then applied to the appropriate channel audio streams. DRC2 services only channel 8. This
DRC also computes an rms estimate of the signal level on channel 8 and this estimate is used to compute
the compression/expansion gain coefficient applied to the channel-8 audio stream.
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All of the TAS5508C default values for DRC can be used except for the DRC1 decay and DRC2 decay.
Table 2-8 shows the recommended time constants and their hex values. If the user wants to implement
other DRC functions, Texas Instruments recommends using the automatic loudspeaker equalization (ALE)
tool available from Texas Instruments. The ALE tool allows the user to select the DRC transfer function

graphically. It then outputs the TAS5508C hex coefficients for download to the TAS5508C.

Table 2-8. DRC Recommended Changes From TAS5508C Defaults

SUBADDRESS REGISTER FIELDS | "“CONGTANT(me) | HEXVALUE DEFAULT HEX

0x98 DRC1 energy 5 0000 883F 0000 883F
DRCL1 (1 — energy) 007F 77CO 007F 77CO

0x9C DRC1 attack 5 0000 883F 0000 883F
DRC1 (1 — attack) 007F 77CO 007F 77CO

DRC1 decay 2 0001 538F 0000 00AE

DRCL1 (1 — decay) 007E ACT70 007F FF51

0x9D DRC2 energy 5 0000 883F 0000 883F
DRC2 (1 — energy) 007F 77CO 007F 77CO

OxAl DRC2 attack 5 0000 883F 0000 883F
DRC2 (1 — attack) 007F 77CO 007F 77CO

DRC2 decay 2 0001 538F 0000 00AE

DRC2 (1 — decay) 007E ACT70 007F FF51

Recommended DRC set-up flow if the defaults are used:
» After power up, load the recommended hex value for DRC1 and DRC2 decay and (1 — decay). See

Table 2-8.

« Enable either the pre-volume or post-volume DRC.

Recommended DRC set-up flow if the DRC design uses values different from the defaults:
» After power up, load all DRC coefficients per the DRC design.
e Enable either the pre-volume or post-volume DRC.

Figure 2-16 shows the positioning of the DRC block in the TAS5508C processing flow. As seen, the DRC
input can come either before or after soft volume control and loudness processing.

From Input Mixer

7
Biquads
in
Series

Figure 2-16. DRC Positioning in TAS5508C Processing Flow

Master
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Figure 2-17 illustrates a typical DRC transfer function.
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Figure 2-17. Dynamic Range Compression (DRC) Transfer Function Structure

The three regions shown in Figure 2-17 are defined by three sets of programmable coefficients:
» Thresholds T1 and T2 define region boundaries.
» Offsets O1 and O2 define the DRC gain coefficient settings at thresholds T1 and T2, respectively.

» Slopes kO, k1, and k2 define whether compression or expansion is to be performed within a given
region. The magnitudes of the slopes define the degree of compression or expansion to be performed.

The three sets of parameters are all defined in logarithmic space and adhere to the following rules:

* The maximum input sample into the DRC is referenced at 0 dB. All values below this maximum value
then have negative values in logarithmic (dB) space.

* The samples input into the DRC are 32-bit words and consist of the upper 32 bits of the 48-bit word
format used by the digital audio processor (DAP). The 48-bit DAP word is derived from the 32-bit serial
data received at the serial-audio receive port by adding 8 bits of headroom above the 32-bit word and
8 bits of computational precision below the 32-bit word. If the audio processing steps between the SAP
input and the DRC input result in no accumulative boost or cut, the DRC operates on the 8 bits of
headroom and the 24 MSBs of the audio sample. Under these conditions, a 0-dB (maximum value)
audio sample (Ox7FFF FFFF) is seen at the DRC input as a —48-dB sample (8 bits x —6.02 dB/bit =
—48 dB).

» Thresholds T1 and T2 define, in dB, the boundaries of the three regions of the DRC, as referenced to
the rms value of the data into the DRC. Zero-valued threshold settings reference the maximum-valued
rms input into the DRC and negative-valued thresholds reference all other rms input levels.
Positive-valued thresholds have no physical meaning and are not allowed. In addition, zero-valued
threshold settings are not allowed.

Although the DRC input is limited to 32-bit words, the DRC itself operates using the 48-bit word format of
the DAP. The 32-bit samples input into the DRC are placed in the upper 32 bits of this 48-bit word space.
This means that the threshold settings must be programmed as 48-bit (25.23 format) numbers.

CAUTION

Zero-valued and positive-valued threshold settings are not allowed and cause
unpredictable behavior if used.
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» Offsets O1 and O2 define, in dB, the attenuation (cut) or gain (boost) applied by the DRC-derived gain
coefficient at the threshold points T1 and T2, respectively. Positive offsets are defined as cuts, and
thus boost or gain selections are negative numbers. Offsets must be programmed as 48-bit (25.23
format) numbers.

» Slopes kO, k1, and k2 define whether compression or expansion is to be performed within a given
region, and the degree of compression or expansion to be applied. Slopes are programmed as 28-bit
(5.23 format) numbers.

2.10.1 DRC Implementation

The three elements comprising the DRC include: (1) an rms estimator, (2) a compression/expansion
coefficient computation engine, and (3) an attack/decay controller.

* RMS estimator—This DRC element derives an estimate of the rms value of the audio data stream into
the DRC. For the DRC block shared by Ch1l and Ch2, two estimates are computed—an estimate of the
Ch1 audio data stream into the DRC, and an estimate of the Ch2 audio data stream into the DRC. The
outputs of the two estimators are then compared, sample-by-sample, and the larger-valued sample is
forwarded to the compression/expansion coefficient computation engine.

Two programmable parameters, ae and (1 — ae), set the effective time window over which the rms
estimate is made. For the DRC block shared by Ch1 and Ch2, the programmable parameters apply to
both rms estimators. The time window over which the rms estimation is computed can be determined
by:

t . = =1

window Fg €n(1 — ae)

» Compression/expansion coefficient computation—This DRC element converts the output of the rms
estimator to a logarithmic number, determines the region where the input resides, and then computes
and outputs the appropriate coefficient to the attack/decay element. Seven programmable parameters,
T1, T2, O1, 02, kO, k1, and k2, define the three compression/expansion regions implemented by this
element.

» Attack/decay control—This DRC element controls the transition time of changes in the coefficient
computed in the compression/expansion coefficient computation element. Four programmable
parameters define the operation of this element. Parameters ad and (1 — ad) set the decay or release
time constant to be used for volume boost (expansion). Parameters aa and (1 — aa) set the attack time
constant to be used for volume cuts. The transition time constants can be determined by:

t, = _—l t, = _—l
a Fg ¢n(1 — aa) d Fg ¢n(1 — ad)

2.10.2 Compression/Expansion Coefficient Computation Engine Parameters

There are seven programmable parameters assigned to each DRC block: two threshold parameters—T1
and T2, two offset parameters—O1 and O2, and three slope parameters—kO0, k1, and k2. The threshold
parameters establish the three regions of the DRC transfer curve, the offsets anchor the transfer curve by
establishing known gain settings at the threshold levels, and the slope parameters define whether a given
region is a compression or an expansion region

The audio input stream into the DRC must pass through DRC-dedicated programmable input mixers.
These mixers are provided to scale the 32-bit input into the DRC to account for the positioning of the
audio data in the 48-bit DAP word and the net gain or attenuation in signal level between the SAP input
and the DRC. The selection of threshold values must take the gain (attenuation) of these mixers into
account. The DRC implementation examples that follow illustrate the effect these mixers have on
establishing the threshold settings.

T2 establishes the boundary between the high-volume region and the mid-volume region. T1 establishes
the boundary between the mid-volume region and the low-volume region. Both thresholds are set in
logarithmic space, and which region is active for any given rms estimator output sample is determined by
the logarithmic value of the sample.
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Threshold T2 serves as the fulcrum or pivot point in the DRC transfer function. O2 defines the boost
(> 0 dB) or cut (< 0 dB) implemented by the DRC-derived gain coefficient for an rms input level of T2. If
02 = 0 dB, the value of the derived gain coefficient is 1 (0x0080 0000 in 5.23 format). k2 is the slope of
the DRC transfer function for rms input levels above T2, and k1 is the slope of the DRC transfer function
for rms input levels below T2 (and above T1). The labeling of T2 as the fulcrum stems from the fact that
there cannot be a discontinuity in the transfer function at T2. The user can, however, set the DRC
parameters to realize a discontinuity in the transfer function at the boundary defined by T1. If no
discontinuity is desired at T1, the value for the offset term O1 must obey the following equation.
OlN0 Discontinuity — [Tl — T2| x k1 + O2 For (|T1| = [T2])

T1 and T2 are the threshold settings in dB, k1 is the slope for region 1, and O2 is the offset in dB at T2. If
the user chooses to select a value of O1 that does not obey the above equation, a discontinuity at T1 is
realized.

Decreasing in volume from T2, the slope k1 remains in effect until the input level T1 is reached. If, at this
input level, the offset of the transfer function curve from the 1 : 1 transfer curve does not equal O1, there
is a discontinuity at this input level as the transfer function is snapped to the offset called for by O1. If no
discontinuity is wanted, O1 and/or k1 must be adjusted so that the value of the transfer curve at input level
T1 is offset from the 1 : 1 transfer curve by the value Ol. The examples that follow illustrate both
continuous and discontinuous transfer curves at T1.

Decreasing in volume from T1, starting at offset level O1, slope kO defines the compression/expansion
activity in the lower region of the DRC transfer curve.

2.10.2.1 Threshold Parameter Computation
For thresholds,

Tas = —6.0206T npyt = —6.0206Tsyg_apDRESS_ENTRY

If, for example, it is desired to set T1 = —64 dB, then the subaddress entry required to set T1 to —64 dB is:

__ —64 _
TlsUB ADDRESS ENTRY ~ —6.0206 ~ 1063

T1 is entered as a 48-bit number in 25.23 format. Therefore:

T1=10.63 =01010.10100001010001111010111
= 0x0000 0550 A3D7 in 25.23 format

2.10.2.2 Offset Parameter Computation

The offsets set the boost or cut applied by the DRC-derived gain coefficient at the threshold point. An
equivalent statement is that offsets represent the departure of the actual transfer function from a 1 : 1
transfer at the threshold point. Offsets are 25.23-formatted 48-bit logarithmic numbers. They are computed
by the following equation.

o B ODESIRED + 24.0824 dB

INPUT — 6.0206

Gains or boosts are represented as negative numbers; cuts or attenuations are represented as positive
numbers. For example, to achieve a boost of 21 dB at threshold T1, the 1°C coefficient value entered for
O1 must be:
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OlinpuT 6.0206

= 0.1000_0011 0001 1101 0100
= 0x00000041886A in 25.23 format

2.10.2.3 Slope Parameter Computation

2.11

In developing the equations used to determine the subaddress of the input value required to realize a
given compression or expansion within a given region of the DRC, the following convention is adopted.

DRC transfer = Input increase : Output increase

If the DRC realizes an output increase of n dB for every dB increase in the rms value of the audio into the
DRC, a 1 : n expansion is being performed. If the DRC realizes a 1-dB increase in output level for every
n-dB increase in the rms value of the audio into the DRC, an n : 1 compression is being performed.

k=n-1

-1

S

For n : 1 compression, the slope k can be found by: k=

In both expansion (1 : n) and compression (n : 1), n is implied to be greater than 1. Thus, for expansion:
1

k =n -1 means k > 0 for n > 1. Likewise, for compression, k= n-1 means —1 <k <0 for n > 1. Thus, it
appears that k must always lie in the range k > —1.

The DRC imposes no such restriction and k can be programmed to values as negative as —15.999. To
determine what results when such values of k are entered, it is first helpful to note that the compression
and expansion equations for k are actually the same equation. For example, a 1 : 2 expansion is also a
0.5 : 1 compression.

0.5: 1 compression = k = - 1=1

1
0.5
1:2 expansion = k=2-1=1

As can be seen, the same value for k is obtained either way. The ability to choose values of k less than —1
allows the DRC to implement negative-slope transfer curves within a given region. Negative-slope transfer
curves are usually not associated with compression and expansion operations, but the definition of these
operations can be expanded to include negative-slope transfer functions. For example, if k = -4
Compression equation: k = —4 = % -1 =n-= —% = —0.3333: 1 compression
Expansion equation: k = =4 =n—-1 = n= -3 = 1. —3 expansion

With k = —4, the output decreases 3 dB for every 1 dB increase in the rms value of the audio into the
DRC. As the input increases in volume, the output decreases in volume.

Output Mixer

The TAS5508C provides an 8x2 output mixer for channels 1, 2, 3, 4, 5, and 6. For channels 7 and 8, the
TAS5508C provides an 8x3 output mixer. These mixers allow each output to be any ratio of any two (or
three) signal-processed channels. The control parameters for the output crossbar mixer are programmable
via the 1°C interface.
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Figure 2-18. Output Mixers

212 PWM

The TAS5508C has eight channels of high-performance digital PWM modulators that are designed to
drive switching output stages (back ends) in both single-ended (SE) and H-bridge (bridge-tied load)
configurations. The TAS5508C device uses noise-shaping and sophisticated, error-correction algorithms
to achieve high power efficiency and high-performance digital audio reproduction. The TAS5508C uses an
AD1 PWM modulation scheme combined with a fifth-order noise shaper to provide a 102-dB SNR from
20 Hz to 20 kHz.

The PWM section accepts 32-bit PCM data from the DAP and outputs eight PWM audio output channels

configurable as either:

e Six channels to drive power stages and two channels to drive a differential-input active filter to provide
a separately controllable stereo lineout

« Eight channels to drive power stages
The TAS5508C PWM section output supports both single-ended and bridge-tied loads.

The PWM section provides a headphone PWM output to drive an external differential amplifier like the
TPA112. The headphone circuit uses the PWM modulator for channels 1 and 2. The headphone does not
operate while the six or eight back-end drive channels are operating. The headphone is enabled via a
headphone-select terminal or I°C command.

The PWM section has individual channel dc blocking filters that can be enabled and disabled. The filter
cutoff frequency is less than 1 Hz.

The PWM section has individual channel de-emphasis filters for 32, 44.1, and 48 kHz that can be enabled
and disabled.
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The PWM section also contains the power-supply volume control (PSVC) PWM.

The interpolator, noise shaper, and PWM sections provide a PWM output with the following features:
» Up to 8x oversampling
— 8x at Fg=44.1 kHz, 48 kHz, 32 kHz, 38 kHz
— 4x at Fg = 88.2 kHz, 96 kHz
— 2xat Fg=176.4 kHz, 192 kHz
» Fifth-order noise shaping
e 100-dB dynamic range 0-20 kHz (TAS5508C + TAS5111 system measured at speaker terminals)
e THD < 0.01%
» Adjustable maximum modulation limit of 93.8% to 99.2%
» 3.3-V digital signal

2.12.1 DC Blocking (High-Pass Enable/Disable)

Each input channel incorporates a first-order, digital, high-pass filter to block potential dc components. The
filter —3-dB point is approximately 0.89-Hz at the 44.1-kHz sampling rate. The high-pass filter can be
enabled and disabled via the 1°C interface.

2.12.2 De-Emphasis Filter

For audio sources that have been pre-emphasized, a precision 50-us/15-us de-emphasis filter is provided
to support the sampling rates of 32 kHz, 44.1 kHz, and 48 kHz. Figure 2-19 shows a graph of the
de-emphasis filtering characteristics. De-emphasis is set using two bits in the system control register.

0 —

Response — dB

-10 — T

|
| |

3.18 (50 ps) 10.6 (15 ps)

\
} De-emphasis
\
\

f — Frequency — kHz

MO0015-01

Figure 2-19. De-Emphasis Filter Characteristics

2.12.3 Power-Supply Volume Control (PSVC)

The TAS5508C supports volume control both by conventional digital gain/attenuation and by a
combination of digital and analog gain/attenuation. Varying the H-bridge power-supply voltage performs
the analog volume control function. The benefits of using power-supply volume control (PSVC) are
reduced idle channel noise, improved signal resolution at low volumes, increased dynamic range, and
reduced radio frequency emissions at reduced power levels. The PSVC is enabled via I1°C. When enabled,
the PSCV provides a PWM output that is filtered to provide a reference voltage for the power supply. The
power-supply adjustment range can be set for —12.04, —18.06, or —24.08 dB, to accommodate a range of
variable power-supply designs.

Figure 2-20 and Figure 2-21 show how power-supply and digital gains can be used together.

The volume biguad (0xCF) can be used to implement a low-pass filter in the digital volume control to
match the PSVC volume transfer function.
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Figure 2-20. Power-Supply and Digital Gains (Log Space)
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Figure 2-21. Power-Supply and Digital Gains (Linear Space)

2.12.4 AM Interference Avoidance

Digital amplifiers can degrade AM reception as a result of their RF emissions. Texas Instruments' patented
AM interference-avoidance circuit provides a flexible system solution for a wide variety of digital audio
architectures. During AM reception, the TAS5508C adjusts the radiated emissions to provide an
emission-clear zone for the tuned AM frequency. The inputs to the TAS5508C for this operation are the
tuned AM frequency, the IF frequency, and the sample rate. The sample rate is automatically detected.
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Figure 2-22. Block Diagrams of Typical Systems Requiring TAS5508C Automatic AM

Interference-Avoidance Circuit
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3 TAS5508C Controls and Status

The TAS5508C provides control and status information from both the I1°C registers and device pins.

This section describes some of these controls and status functions. The I°C summary and detailed
register descriptions are contained in Section 6 and Section 7.

3.1 [I°C Status Registers
The TAS5508C has two status registers that provide general device information. These are the general
status register 0 (Ox01) and the error status register (0x02).
3.1.1 General Status Register (0x01)
» Device identification code
» Clip indicator — The TAS5508C has a clipping indicator. Writing to the register clears the indicator.
» Bank switching is busy.
3.1.2 Error Status Register (0x02)
* No internal errors (the valid signal is high)
» A clock error has occurred — These are sticky bits that are cleared by writing to the register.
— LRCLK error — when the number of MCLKs per LRCLK is incorrect
— SCLK error — when the number of SCLKS per LRCLK is incorrect
— Frame slip — when the number of MCLKs per LRCLK changes by more than 10 MCLK cycles
— PLL phase-lock error
» This error status register is normally used for system development only.
3.2 TAS5508C Pin Controls
The TAS5508C provide a number of terminal controls to manage the device operation. These controls
are;
» RESET
« PDN
« BKND_ERR
« HP_SEL
« MUTE
3.2.1 Reset (RESET)
The TAS5508C is placed in the reset mode either by the power-up reset circuitry when power is applied,
or by setting the RESET terminal low.
RESET is an asynchronous control signal that restores the TAS5508C to the hard mute state (M). Master
volume is immediately set to full attenuation (there is no ramp down). Reset initiates the device reset
without an MCLK input. As long as the RESET terminal is held low, the device is in the reset state. During
reset, all I°’C and serial data bus operations are ignored.
Table 3-1 shows the device output signals while RESET is active.
Table 3-1. Device Outputs During Reset
SIGNAL SIGNAL STATE
Valid Low
PWM P-outputs Low (M-state)
PWM M-outputs Low (M-state)
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Table 3-1. Device Outputs During Reset (continued)

SIGNAL

SIGNAL STATE

SDA

Signal input (not driven)

Because RESET is an asynchronous signal, clicks and pops produced during the application (the leading
edge) of RESET cannot be avoided. However, the transition from the hard mute state (M) to the
operational state is performed using a quiet start-up sequence to minimize noise. This control uses the
PWM reset and unmute sequence to shut down and start up the PWM. A detailed description of these
sequences is contained in the PWM section. If a completely quiet reset or power-down sequence is
desired, MUTE should be applied before applying RESET.

The rising edge of the reset pulse begins device initialization before the transition to the operational mode.
During device initialization, all controls are reset to their initial states. Table 3-2 shows the default control

settings following a reset.

Table 3-2. Values Set During Reset

CONTROL SETTING
Clock register Not valid
High pass Disabled
Unmute from clock error Hard unmute
PSVC Hi-z Disabled
Post DAP detection automute Enabled
Eight Ch PreDAP detection automute Enabled

De-emphasis

De-emphasis disabled

Channel configuration control

Configured for the default setting

Headphone configuration control

Configured for the default setting

Serial data interface format

12S 24 bit

Individual channel mute

No channels are muted

Automute delay

5ms

Automute threshold 1

< 8 bits

Automute threshold 2

Same as automute threshold 1

Modulation limit

Maximum modulation limit of 97.7%

Six- (or eight — low) channel configuration

Eight channels

Slew rate limit

Disengaged for all channels

Interchannel delay

-32,0, -16, 16, -24, 8, -8, -24

Shutdown PWM on error

Enabled

Volume and mute update rate

Volume ramp 85 ms

Treble and bass slew rate

Update every 1.31 ms

Bank switching

Manual bank selection is enabled

Auto bank switching map

All channels use bank 1

Biguad coefficients (5508)

Set to all pass

Input mixer coefficients

Input N -> Channel N, no attenuation

Output mixer coefficients

Channel N -> Output N, no attenuation

Subwoofer sum into Chl and Ch2 (5508)

Gain of 0

Ch1 and Ch2 sum in subwoofer (5508) Gain of O
Bass and treble bypass Gain of 1
Bass and treble inline Gain of 0
DRC bypass (5508) Gain of 1
DRC inline (5508) Gain of O

DRC (5508)

DRC disabled, default values
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Table 3-2. Values Set During Reset (continued)

CONTROL SETTING
Master volume Mute
Individual channel volumes 0dB
All bass and treble Indexes 0x12 neutral
Treble filter sets Filter set 3
Bass filter sets Filter set 3

Loudness (5508)

Loudness disabled, default values

AM interference enable Disabled
AM interference IF 455

AM interference select sequence 1

Tuned frequency and mode 0000, BCD
Subwoofer PSVC control Enabled

PSVC and PSVC range

Disabled/0 dB

3.2.2

After the initialization time, the TAS5508C starts the transition to the operational state with the master
volume set at mute.

Because the TAS5508C has an external crystal time base, following the release of RESET, the
TAS5508C sets the MCLK and data rates and performs the initialization sequences. The PWM outputs
are held at a mute state until the master volume is set to a value other than mute via I°C.

Power Down (PDN)

The TAS5508C can be placed into the power-down mode by holding the PDN terminal low. When the
power-down mode is entered, both the PLL and the oscillator are shut down. Volume is immediately set to
full attenuation (there is no ramp down). This control uses the PWM mute sequence that provides a low
click and pop transition to the hard mute state (M). A detailed description of the PWM mute sequence is
contained in the PWM section.

Power down is an asynchronous operation that does not require MCLK to go into the power-down state.
To initiate the power-up sequence requires MCLK to be operational and the TAS5508C to receive 5
MCLKSs prior to the release of PDN.

As long as the PDN terminal is held low, the device is in the power-down state with the PWM outputs in a
hard mute (M) state. During power down, all I°C and serial data bus operations are ignored. Table 3-3
shows the device output signals while PDN is active.

Table 3-3. Device Outputs During Power Down

SIGNAL SIGNAL STATE
Valid Low
PWM P-outputs
PWM M-outputs
SDA Signal input
PSvC

M-state = low

M-state = low

M-state = low

Following the application of PDN, the TAS5508C does not perform a quiet shutdown to prevent clicks and
pops produced during the application (the leading edge) of this command. The application of PDN
immediately performs a PWM stop. A quiet stop sequence can be performed by first applying MUTE
before PDN.

When PDN is released, the system goes to the end state specified by MUTE and BKND_ERR pins and
the 1°C register settings.
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3.2.3

3.24

3.25

The crystal time base allows the TAS5508C to determine the CLK rates. Once these rates are
determined, the TAS5508C unmutes the audio.

Back-End Error (BKND_ERR)

Back-end error is used to provide error management for back-end error conditions. Back-end error is a
level-sensitive signal. Back-end error can be initiated by bringing the BKND_ERR terminal low for a
minimum 5 MCLK cycles. When BKND_ERR is brought low, the PWM sets either six or eight channels
into the PWM back-end error state. This state is described in Section 2.12. Once the back-end error
sequence is initiated, a delay of 5 ms is performed before the system starts the output re-initialization
sequence. After the initialization time, the TAS5508C begins normal operation. Back-end error does not
affect other PWM modulator operations.

The number of channels that are affected by the BKND_ERR signal depends on the 6-channel
configuration signal. If the 12C setting 6-channel configuration is false, the TAS5508C places all eight
PWM outputs in the PWM back-end error state, while not affecting any other internal settings or
operations. If the I1°Csetting six configuration is true, the TAS5508C brings the PWM outputs 1-6 to a
back-end error state, while not affecting any other internal settings or operations. Table 3-4 shows the
device output signal states during back-end error.

Table 3-4. Device Outputs During Back-End Error

SIGNAL SIGNAL STATE
Valid Low
PWM P-outputs M-state — low
PWM M-outputs M-state — low
HPPWM P-outputs M-state — low
HPPWM M-outputs M-state — low
SDA Signal input (not driven)

Speaker/Headphone Selector (HP_SEL)

The HP_SEL terminal enables the headphone output or the speaker outputs. The headphone output
receives the processed data output from DAP and PWM channels 1 and 2.

In 6-channel configuration, this feature does not affect the two lineout channels.

When low, the headphone output is enabled. In this mode, the speaker outputs are disabled. When high,
the speaker outputs are enabled and the headphone is disabled.

Changes in the pin logic level result in a state change sequence using soft mute to the hard mute (M)
state for both speaker and headphone followed by a soft unmute.

When HP_SEL is low, the configuration of channels 1 and 2 is defined by the headphone configuration
register. When HP_SEL is high, the channel-1 and -2 configuration registers define the configur