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TLV320ADC6120 2-Channel, 768-kHz, Burr-Brown™ Audio ADC
Texas Instruments
Burr-Brown Audio
1 Features 3 Description

* Multichannel high-performance ADC:
— 2-channel analog microphones or line-in
— 4-channel digital PDM microphones
— Up to 2 analog and up to 2 digital microphone
channels
* ADC line and microphone differential input
performance:
— Dynamic range (DR):
» 123-dB, dynamic range enhancer (DRE)
enabled
+ 113-dB, DRE disabled
— THD+N: -95dB
* ADC channel summing mode, DR performance:
— 116-dB, DRE disabled, 2-channel summing
* ADC input voltage:
— Differential, 2-Vrys full-scale inputs
— Single-ended, 1-VRrups full-scale inputs
* ADC sample rate (fg) = 8 kHz to 768 kHz
*  Programmable channel settings:
— Channel gain: 0 dB to 42 dB, 0.5-dB steps
— Digital volume control: =100 dB to 27 dB
— Gain calibration with 0.1-dB resolution
— Phase calibration with 163-ns resolution
* Programmable microphone bias or supply voltage
generation
» Low-latency signal processing filter selection
* Programmable HPF and biquad digital filters
* Automatic gain controller (AGC)
» Voice activity detection (VAD)
* I2C control interface
» Integrated high-performance audio PLL
» Automatic clock divider setting configurations
* Audio serial data interface:
— Format: TDM, IS, or left-justified (LJ)
— Word length: 16 bits, 20 bits, 24 bits, or 32 bits
— Master or slave interface
» Single-supply operation: 3.3 Vor 1.8V
* |/O-supply operation: 3.3 Vor 1.8V
» Power consumption for 1.8-V AVDD supply:
— 9.5 mW/channel at 48-kHz sample rate

2 Applications

* Smart speakers

* |IP network cameras

» Professional microphones and wireless systems
» Video conference systems

The TLV320ADC6120 is a Burr-Brown™ high-
performance, audio analog-to-digital converter (ADC)
that supports simultaneous sampling of up to two
analog channels or four digital channels for the
pulse density modulation (PDM) microphone input.
The device supports line and microphone inputs, and
allows for both single-ended and differential input
configurations. The device integrates programmable
channel gain, digital volume control, a programmable
microphone bias voltage, a phase-locked loop (PLL),
a programmable high-pass filter (HPF), biquad filters,
low-latency filter modes, and allows for sample
rates up to 768 kHz, and allows for sample rates
up to 192 kHz. The device supports time-division
multiplexing (TDM), 12S, or left-justified (LJ) audio
formats, and can be controlled with the 12C interface.
These integrated high-performance features, along
with the ability to be powered from a single-supply
of 3.3 V or 1.8 V, make the device an excellent
choice for space-constrained audio systems in far-
field microphone recording applications.

The TLV320ADC6120 is specified from —40°C to
+125°C, and is offered in a 20-pin WQFN package.

Device Information(")

PART NUMBER | PACKAGE |  BODY SIZE (NOM)
TLV320ADC6120 WQFN (20) |3-00 mm x 3.00 mm with
0.5-mm pitch

(1)  For all available packages, see the package option
addendum at the end of the data sheet.
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5 Device Comparison Table

FEATURE PCM1821 PCM1820 TLV320ADC3120 TLV320ADC5120 TLV320ADC6120
Control interface Pin control 12C
Digital audio serial interface TDM or 12S TDM or 12S or left-justified (LJ)
Audio analog channel 2 2 2 2 2
Digital microphone channel Not available (N/A) Not available (N/A) 4 4 4
Programmable MICBIAS voltage Not available (N/A) Not available (N/A) Yes Yes Yes
Dynamic range (DRE disabled) 106 dB 113 dB 106 dB 108 dB 113 dB
Dynamic range (DRE enabled) Not available (N/A) 123 dB Not available (N/A) 120 dB 123 dB
ADC SNR with DRE Not available (N/A) 123 dB Not available (N/A) 120 dB 123 dB
Input impedance 10 kQ 2.5kQ 2.5kQ, 10 kQ, 20 kQ

Compatibility

Pin-to-pin, package, drop-in replacements of
each other

Pin-to-pin, package, and control registers compatible; drop-in

replacements of each other

Package

WQFN (RTE), 20-pin, 3.00 mm x 3.00 mm (0.5-mm pitch)
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6 Pin Configuration and Functions
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Figure 6-1. RTE Package, 20-Pin WQFN With Exposed Thermal Pad, Top View

Table 6-1. Pin Functions

PIN
TYPE DESCRIPTION
NO. NAME
1 IN1P Analog input Analog input 1P pin.
2 INTM Analog input Analog input 1M pin.
. Lo Analog input 2P pin or general-purpose digital input 1 (multipurpose functions
3 IN2P_GPI1 Analog input/digital input such as digital microphones data, PLL input clock source, and so forth).
. - Analog input 2M pin or general-purpose digital output 1 (multipurpose functions
4 IN2M_GPO1 | Analog input/digital output such as digital microphone clock, interrupt, and so forth).
Device ground internally shorted to thermal pad. Short this package corner pin
5 VSS Ground supply directly to the board ground plane. See the package drawings at the end of this
document for corner pin dimensions.
6 SDOUT Digital output Audio serial data interface bus output.
7 BCLK Digital I/O Audio serial data interface bus bit clock.
8 FSYNC Digital I/0 Audio serial data interface bus frame synchronization signal.
9 I0VDD Digital supply Digital I/O power supply (1.8 V or 3.3 V, nominal).
Device ground internally shorted to thermal pad. Short this package corner pin
10 VSS Ground supply directly to the board ground plane. See the package drawings at the end of this
document for corner pin dimensions.
- General-purpose digital input/output 1 (multipurpose functions such as digital
M GPIO1 Digital /O microphones clock or data, PLL input clock source, interrupt, and so forth).
12 SDA Digital I/0 Data pin for I2C control bus.
13 SCL Digital input Clock pin for I12C control bus.
- Digital regulator output voltage for digital core supply (1.5 V, nominal). Connect
14 DREG Digital supply a 10-pF and 0.1-pF low ESR capacitor in parallel to device ground (VSS).
Device ground internally shorted to thermal pad. Short this package corner pin
15 VSS Ground supply directly to the board ground plane. See the package drawings at the end of this
document for corner pin dimensions.
16 AVDD Analog supply Analog power (1.8 V or 3.3 V, nominal).
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Table 6-1. Pin Functions (continued)

PIN
TYPE DESCRIPTION
NO. NAME
Analog on-chip regulator output voltage for analog supply (1.8 V, nominal) or
17 AREG Analog supply external analog power (1.8 V, nominal). Connect a 10-pF and 0.1-pyF low ESR
capacitor in parallel to analog ground (AVSS).
Analog reference voltage filter output. Connect a 1-uF capacitor to analog
18 VREF Analog ground (AVSS).
MICBIAS output or general-purpose digital input 2 (multipurpose functions such
19 MICBIAS_GPI2 | Analog output/digital input |as digital microphones data, PLL input clock source, and so forth). If used as
MICBIAS output, then connect a 1-pF capacitor to analog ground (AVSS).
Device ground internally shorted to thermal pad. Short this package corner pin
20 VSS Ground supply directly to the board ground plane. See the package drawings at the end of this
document for corner pin dimensions.
Thermal Pad Thermal pad shorted to internal device ground. Short the thermal pad directly to
Thermal Pad (VSS) Ground supply the board ground plane.

7 Specifications

7.1 Absolute Maximum Ratings
over the operating ambient temperature range (unless otherwise noted)(")

MIN MAX UNIT
AVDD to AVSS -0.3 3.9
Supply voltage AREG to AVSS -0.3 2.0 \%
IOVDD to VSS (thermal pad) -0.3 3.9
Ground voltage differences AVSS to VSS (thermal pad) -0.3 0.3 \
Analog input voltage Analog input pins voltage to AVSS -0.3 AVDD + 0.3 \
o 03 towoves
Digital input IN2P_GPI1 and MICBIAS_GPI2 pins 03 AVDD + 0.3
voltage to VSS (thermal pad)
Operating ambient, Tp —40 125
Temperature Junction, T, —40 150 °C
Storage, Tsig -65 150

(1) Stresses beyond those listed under Absolute Maximum Ratings may cause permanent damage to the device. These are stress
ratings only, which do not imply functional operation of the device at these or any other conditions beyond those indicated under
Recommended Operating Conditions. Exposure to absolute-maximum-rated conditions for extended periods may affect device
reliability.

7.2 ESD Ratings

VALUE UNIT
Human-body model (HBM), per ANSI/ESDA/JEDEC JS-001(") +2000
V(Esp) Electrostatic discharge \
Charged-device model (CDM), per JEDEC specification JESD22-C101(2) +500

(1) JEDEC document JEP155 states that 500-V HBM allows safe manufacturing with a standard ESD control process.
(2) JEDEC document JEP157 states that 250-V CDM allows safe manufacturing with a standard ESD control process.
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7.3 Recommended Operating Conditions

MIN NOM MAX UNIT
POWER
Analog supply voltage AVDD to AVSS (AREG is generated using onchip regulator): 30 33 36
AVDD, AVDD 3.3-V operation ' ' '
AREG( Analog supply voltage AVDD apd AREG to AVSS (AREG internal regulator is 17 18 19 v
shutdown): AVDD 1.8-V operation
1OVDD 10 supply voltage to VSS (thermal pad): IOVDD 3.3-V operation 3.0 3.3 3.6 v
10 supply voltage to VSS (thermal pad): IOVDD 1.8-V operation 1.65 1.8 1.95
INPUTS
Analog input pins voltage to AVSS 0 AVDD \%
Digital input except IN2P_GPI1 and MICBIAS_GPI2 pins voltage to VSS (thermal pad) 0 I0VDD \Y
Digital input IN2P_GPI1 and MICBIAS_GPI2 pins voltage to VSS (thermal pad) 0 AVDD \
TEMPERATURE
Ta Operating ambient temperature —40 125 °C
OTHERS
GPIOx or GPIx (used as MCLK input) clock frequency 36.864 MHz
SCL and SDA bus capacitance for I2C interface supports standard-mode and fast- 400
C mode pF
SCL and SDA bus capacitance for I2C interface supports fast-mode plus 550
C. Digital output load capacitance 20 50 pF

(1) AVSS and VSS (thermal pad): all ground pins must be tied together and must not differ in voltage by more than 0.2 V.

7.4 Thermal Information

TLV320ADC6120
THERMAL METRIC(") RTE (WQFN) UNIT
20 PINS
Resa Junction-to-ambient thermal resistance 55.9 °C/W
ReJc(top) Junction-to-case (top) thermal resistance 33.1 °C/W
Raus Junction-to-board thermal resistance 23.4 °C/W
Wyt Junction-to-top characterization parameter 0.6 °C/W
Wis Junction-to-board characterization parameter 23.3 °C/W
Rauc(bot) Junction-to-case (bottom) thermal resistance 16.7 °C/W

(1)  For more information about traditional and new thermal metrics, see the Semiconductor and IC Package Thermal Metrics application
report.
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7.5 Electrical Characteristics

at Tp = 25°C, AVDD = 3.3V, IOVDD = 3.3V, fiy = 1-kHz sinusoidal signal, fg = 48 kHz, 32-bit audio data, BCLK = 256 x fg,
TDM slave mode, and PLL on (unless otherwise noted)

PARAMETER

TEST CONDITIONS

MIN TYP MAX UNIT

ADC CONFIGURATION

AC input impedance

Input pins INxP or INxM, 2.5-kQ input impedance
selection

25

Input pins INxP or INxM, 10-kQ input impedance
selection

10 kQ

Input pins INXP or INxM, 20-kQ input impednace
selection

20

Channel gain range

Programmable range with 0.5-dB steps

ADC PERFORMANCE FOR LINE/MICROPHONE INPUT RECORDING : AVDD 3.3-V OPERATION

Differential input full-scale
AC signal voltage

AC-coupled input

2 VRus

Single-ended input full-
scale AC signal voltage

AC-coupled input

1 Vruvs

SNR

Signal-to-noise ratio, A-
weighted(") (2)

IN1 differential input selected and AC signal shorted
to ground, DRE enabled (DRE_LVL = -36 dB,
DRE_MAXGAIN = 24 dB), 2.5-kQ input impedance
selection

115 122

IN1 differential input selected and AC signal shorted
to ground, DRE enabled (DRE_LVL = -36 dB,
DRE_MAXGAIN = 24 dB), 10-kQ input impedance
selection

117
dB

IN1 differential input selected and AC signal shorted
to ground, DRE disabled, 2.5-kQ input impedance
selection, 0-dB channel gain

106 112

IN1 differential input selected and AC signal shorted
to ground, DRE disabled, 2.5-kQ input impedance
selection, 12-dB channel gain

108

DR

Dynamic range, A-
weighted(@

IN1 differential input selected and —60-dB full-scale
AC signal input, DRE enabled (DRE_LVL = -36 dB,
DRE_MAXGAIN = 24 dB), 2.5-kQ input impedance
selection

123

IN1 differential input selected and —60-dB full-scale
AC signal input, DRE enabled (DRE_LVL = -36 dB,
DRE_MAXGAIN = 24 dB), 10-kQ input impedance

selection

118
dB

IN1 differential input selected and —60-dB full-scale AC
signal input, DRE disabled, 2.5-kQ input impedance
selection, 0-dB channel gain

113

IN1 differential input selected and —72-dB full-scale AC
signal input, DRE disabled, 2.5-kQ input impedance
selection, 12-dB channel gain

108

THD+N

Total harmonic distortion(2)
(

IN1 differential input selected and —1-dB full-scale
AC signal input, DRE enabled (DRE_LVL = -36 dB,
DRE_MAXGAIN = 24 dB), 2.5-kQ input impedance
selection

IN1 differential input selected and —1-dB full-scale
AC signal input, DRE enabled (DRE_LVL = -36 dB,
DRE_MAXGAIN = 24 dB), 10-kQ input impedance
selection

dB

IN1 differential input selected and —1-dB full-scale AC
signal input, DRE disabled, 2.5-kQ input impedance
selection, 0-dB channel gain

IN1 differential input selected and —13-dB full-scale AC
signal input, DRE disabled, 2.5-kQ input impedance
selection, 12-dB channel gain

ADC PERFORMANCE FOR LINE/MICROPHONE INPUT RECORDING : AVDD 1.8-V OPERATION

Differential input full-scale
AC signal voltage

AC-coupled Input

1 VRms

Single-ended input full-
scale AC signal voltage

AC-coupled Input

0.5 VRus
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7.5 Electrical Characteristics (continued)

at Tp = 25°C, AVDD = 3.3 V, IOVDD = 3.3 V, fiy = 1-kHz sinusoidal signal, fs = 48 kHz, 32-bit audio data, BCLK = 256 x fg,
TDM slave mode, and PLL on (unless otherwise noted)

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
IN1 differential input selected and AC signal shorted
to ground, DRE enabled (DRE_LVL =-36 dB, 116
DRE_MAXGAIN = 24 dB), 2.5-kQ input impedance
selection
Signal-to-noise ratio. A- IN1 differential input selected and AC signal shorted
SNR N @ to ground, DRE enabled (DRE_LVL = -36 dB, » dB
9 DRE_MAXGAIN = 24 dB), 10-kQ input impedance
selection
IN1 differential input selected and AC signal shorted
to ground, DRE disabled, 2.5-kQ input impedance 105
selection, 0-dB channel gain
IN1 differential input selected and —60-dB full-scale
AC signal input, DRE enabled (DRE_LVL =-36 dB, 17
DRE_MAXGAIN = 24 dB), 2.5-kQ input impedance
selection
Dynamic range. A- IN1 differential input selected and —60-dB full-scale
DR wii hted e, AC signal input, DRE enabled (DRE_LVL = -36 dB, 112 dB
9 DRE_MAXGAIN = 24 dB), 10-kQ input impedance
selection
IN1 differential input selected and —60-dB full-scale AC
signal input, DRE disabled, 2.5-kQ input impedance 106
selection, 0-dB channel gain
IN1 differential input selected and —2-dB full-scale
AC signal input, DRE enabled (DRE_LVL = -36 dB, 90
DRE_MAXGAIN = 24 dB), 2.5-kQ input impedance
selection
Total harmonic distortion@ IN1 differential input selected and —2-dB full-scale
THD+N ( AC signal input, DRE enabled (DRE_LVL = -36 dB, 90 dB
DRE_MAXGAIN = 24 dB), 10-kQ input impedance
selection
IN1 differential input selected and —2-dB full-scale AC
signal Input, DRE disabled, 2.5-kQ input impedance -90
selection, 0 dB channel gain
ADC OTHER PARAMETERS
Digital volume control Programmable 0.5-dB steps -100 27 dB
range
Output data sample rate Programmable 7.35 768 kHz
Output data sample word Programmable 16 32 Bits
length
Digital high-pass filter cutoff | First-order IIR filter with programmable coefficients,
f h 12 Hz
frequency —3-dB point (default setting)
Interchannel isolation —1-dB full-scale AC-signal input to non measurement _124 dB
channel
Interchannel gain mismatch | —6-dB full-scale AC-signal input and 0-dB channel gain 0.1 dB
Gain drift® O—dé channel gain, across temperature range —40°C to 36.8 ppM/°C
125°C
Infcerchannel phase 1-kHz sinusoidal signal 0.02 Degrees
mismatch
Phase drift®) 1-kHz sinusoidal signal, across temperature range — 0.0005 Degrees/°C
40°C to 125°C : 9
PSRR Po_wer-supply rejection jOO-mVpp, 1-kHz sinusoidal sigpal on AVDD, differential 102 dB
ratio input selected, 0-dB channel gain
Common-mode reiection Differential microphone input selected, 0-dB channel
CMRR ratio ) gain, 100-mVpp, 1-kHz signal on both pins and measure 80 dB
level at output in high CMRR Mode
MICROPHONE BIAS
. BW = 20 Hz to 20 kHz, A-weighted, 1-uF capacitor
MICBIAS noise between MICBIAS and AVSS 21 HVRws
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7.5 Electrical Characteristics (continued)

at Tp = 25°C, AVDD = 3.3 V, IOVDD = 3.3 V, fiy = 1-kHz sinusoidal signal, fs = 48 kHz, 32-bit audio data, BCLK = 256 x fg,
TDM slave mode, and PLL on (unless otherwise noted)

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
MICBIAS programmed to VREF and VREF programmed VREF
to either 2.75V, 2.5V, or 1.375V
MICBIAS voltage MICBIAS programmed to VREF x 1.096 and VREF VREF x \%
programmed to either 2.75V, 2.5V, or 1.375V 1.096
Bypass to AVDD with 5-mA load AVDD - 0.2
MICBIAS current drive 5 mA
MICBIAS load regulation MICBIAS programmed to either VREF or VREF x 0 0.6 1 %
1.096, measured up to max load
MICBIAS over current 6.1 mA
protection threshold ’
DIGITAL I/O
All digital pins except IN2P_GPI1 and MICBIAS_GPI2, 03 0.35 x
v Low-level digital input logic SDA and SCL, IOVDD 1.8-V operation . |I0VvDD v
- voltage threshold Al digital pins except IN2P_GPI1 and MICBIAS_GPI2, 03 08
SDA and SCL, IOVDD 3.3-V operation ’ ’
All digital pins except IN2P_GPI1 and MICBIAS_GPI2, 0.65 x |OVDD + 0.3
v High-level digital input logic SDA and SCL, IOVDD 1.8-V operation |I0VvDD : v
IH
voltage threshold All digital pins except IN2P_GPI1 and MICBIAS_GPI2, ) 1OVDD + 0.3
SDA and SCL, IOVDD 3.3-V operation .
All digital pins except IN2M_GPO1, SDA and SCL, Ig| = 0.45
Vo Low-level digital output —2 mA, IOVDD 1.8-V operation ’ v
L
voltage Al digital pins except IN2M_GPO1, SDA and SCL, Ig, = 04
-2 mA, IOVDD 3.3-V operation :
All digital pins except IN2M_GPO1, SDA and SCL, lpy = I0VDD -
v High-level digital output 2 mA, IOVDD 1.8-V operation 0.45 v
o voltage Al digital pins except IN2M_GPO1, SDA and SCL, loy = 4
2 mA, IOVDD 3.3-V operation :
Low-level digital input logic
ViLizc) voltage threshold SDA and SCL -0.5 0.3 x IOVDD \Y
High-level digital input logic
Vinqzc) voltage threshold SDA and SCL 0.7 x IOVDD I0VDD + 0.5 \Y
Low-level digital output
Vouize)  |yoitage 9 P SDA, loi26) = ~3 MA, IOVDD > 2 V 04 v
v, Low-level digital output | gpy =_2mA, I0VDD <2V 0.2 x 10VDD v
oL2(12C) voltage » loLg2c) = —2 MA, H 2x
| Low-level digital output SDA, Vo (2c) = 0.4V, standard-mode or fast-mode 3 A
oL126) current SDA. Vov(zc) = 0.4 V, fast-mode plus 20
| Input logic-high leakage for | All digital pins except IN2P_GPI1 and MICBIAS_GPI2 5 0.1 5 A
IH digital inputs pins, input = IOVDD : H
Input logic-low leakage for | All digital pins except IN2P_GPI1 and MICBIAS_GPI2
I e LS _ -5 0.1 5 pA
digital inputs pins, input =0V
IN2P_QPI1 and MICBIAS_GPI2 digital pins, AVDD 1.8-V ~0.3 0.35 x AVDD
Low-level digital input logic | oPeration
ViLgpix) | hreshold \
voltage threshol IN2P_GPI1 and MICBIAS_GPI2 digital pins, AVDD 3.3-V ~0.3 08
operation : :
IN2P_QPI1 and MICBIAS_GPI2 digital pins, AVvDD 1.8-V 0.65 x AVDD AVDD + 0.3
High-level digital input logic | oPeration
VIHGPR) | \oltage threshold IN2P_GPI1 and MICBIAS_GPI2 digital pins, AVDD 3.3-V v
= - ! : 2 AVDD + 0.3
operation
IN2M_GPO2 digital pin, lo. = -2 mA, AVDD 1.8-V 045
Low-level digital output operation '
VoL(erox) v
voltage IN2M_GPO2 digital pin, lo. = -2 mA, AVDD 3.3-V 04
operation ’
IN2M_‘GP02 digital pin, loy =2 mA, AVDD 1.8-V AVDD — 045
High-level digital output operation
VoH(GPOx) | — \
voltage IN2M_GPO2 digital pin, loy = 2 mA, AVDD 3.3-V 24
operation :

Copyright © 2021 Texas Instruments Incorporated

Product Folder Links: TLV320ADC6120

Submit Document Feedback

9


https://www.ti.com
https://www.ti.com/product/TLV320ADC6120
https://www.ti.com/feedbackform/techdocfeedback?litnum=SBASA92A&partnum=TLV320ADC6120
https://www.ti.com/product/tlv320adc6120?qgpn=tlv320adc6120

13 TEXAS
TLV320ADC6120 INSTRUMENTS
SBASA92A — DECEMBER 2020 — REVISED JUNE 2021 www.ti.com

7.5 Electrical Characteristics (continued)

at Tp = 25°C, AVDD = 3.3 V, IOVDD = 3.3 V, fiy = 1-kHz sinusoidal signal, fs = 48 kHz, 32-bit audio data, BCLK = 256 x fg,
TDM slave mode, and PLL on (unless otherwise noted)

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT

| Input logic-high leakage for |IN2P_GPI1 and MICBIAS_GPI2 digital pins, input = 5 0.1 5 A

IH(GPI) digital inputs AVDD : H
Input logic-high leakage for - - _ _

liL(GPIx) digital inputs IN2P_GPI1 and MICBIAS_GPI2 digital pins, input =0V 5 0.1 5 A
Input capacitance for digital - .

Cin inputs All digital pins 5 pF
Pulldown resistance for

Rpp digital I/O pins when 20 kQ
asserted on

TYPICAL SUPPLY CURRENT CONSUMPTION

All external clocks stopped, AVDD = 3.3V, internal

IAVDD AREG 5

| Current consumption in All external clocks stopped, AVDD = 1.8 V, external 10

AVDD sleep mode (software AREG supply (AREG shorted to AVDD) HA
shutdown mode)

liovbp All external clocks stopped, IOVDD = 3.3 V 0.5

liovbp All external clocks stopped, IOVDD = 1.8 V 0.5

lavDD AVDD = 3.3V, internal AREG 1.3

| Current consumption with | AvDD = 1.8 V, external AREG supply (AREG shorted to ]

AVDD ADC 2-channel operating | AyDD) 0.6 mA
at fg 48-kHz, PLL off, BCLK

liovop = 512 x fg and DRE disable |/OVDD =3.3V 0.1

IIOVDD IOVDD =1.8V 0.05

lavDD AVDD = 3.3V, internal AREG 11.5
Current consumption with | AvDD = 1.8 V, external AREG supply (AREG shorted to

lavop ADC 2-channel operating | AvDD) 108 mA
at fg 16-kHz, PLL on, BCLK

liovop = 256 x fg and DRE disable |/OVDD =3.3V 0.05

liovbp IOVDD = 1.8V 0.02

lavDD AVDD = 3.3V, internal AREG 12.4

| Current consumption with | AvDD = 1.8 V, external AREG supply (AREG shorted to 1

AVDD ADC 2-channel operating | AyDD) 7 mA
at fg 48-kHz, PLL on, BCLK

liovop = 256 x fg and DRE disable |/OVDD =3.3V 0.1

IIOVDD IOVDD =1.8V 0.05

lavDD AVDD = 3.3 V, internal AREG 13.8
Current consumption with | AvDD = 1.8 V, external AREG supply (AREG shorted to

lavoD ADC 2-channel operating | AvDD) 13.1 mA
at fg 48-kHz, PLL on, BCLK

liovop = 256 x fg and DRE enable |/OVDD =33V 0.1

liovbp IOVDD = 1.8V 0.05

(1) Ratio of output level with 1-kHz full-scale sine-wave input, to the output level with the AC signal input shorted to ground, measured
A-weighted over a 20-Hz to 20-kHz bandwidth using an audio analyzer.

(2) All performance measurements done with 20-kHz low-pass filter and, where noted, A-weighted filter. Failure to use such a filter may
result in higher THD and lower SNR and dynamic range readings than shown in the Electrical Characteristics. The low-pass filter
removes out-of-band noise, which, although not audible, may affect dynamic specification values.

(3) For best distortion performance, use input AC-coupling capacitors with low-voltage coefficient.

(4)  Gain drift = gain variation (in temperature range) / typical gain value (gain at room temperature) / temperature range x 10° measured
with gain in linear scale.

(5) Phase drift = phase deviation (in temperature range) / (temperature range).
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7.6 Timing Requirements: I2C Interface
at Ty = 25°C, IOVDD = 3.3 V or 1.8 V (unless otherwise noted); see Figure 7-1 for timing diagram

MIN NOM MAX UNIT

STANDARD-MODE
fscL SCL clock frequency 0 100 kHz
fHD.STA Hold time (repeated) START conditio_n. 4 us

; After this period, the first clock pulse is generated.
tLow Low period of the SCL clock 4.7 us
thigH High period of the SCL clock 4 us
tsu:sTA Setup time for a repeated START condition 4.7 us
tHo.DAT Data hold time 0 3.45 us
tsu.pAT Data setup time 250 ns
t, SDA and SCL rise time 1000 ns
te SDA and SCL fall time 300 ns
tsu:sto Setup time for STOP condition 4 us
tsur Bus free time between a STOP and START condition 4.7 us
FAST-MODE
fscL SCL clock frequency 0 400 kHz
tH.sTA Hold time (repeated) START conditio_n. 06 us

i After this period, the first clock pulse is generated.
tLow Low period of the SCL clock 1.3 us
tHIGH High period of the SCL clock 0.6 us
tsu:sTA Setup time for a repeated START condition 0.6 us
tHD:DAT Data hold time 0 0.9 us
tsu;paT Data setup time 100 ns
tr SDA and SCL rise time 20 300 ns
t SDA and SCL fall time 20 x (lovbb/ 5\'/5; 300 ns
tsu:sTo Setup time for STOP condition 0.6 us
taurF Bus free time between a STOP and START condition 1.3 us
FAST-MODE PLUS
fscL SCL clock frequency 0 1000 kHz
fHD.STA Hold time (repeated) START conditio_n. 0.26 us

’ After this period, the first clock pulse is generated.
tLow Low period of the SCL clock 0.5 us
thigH High period of the SCL clock 0.26 us
tsu:sTA Setup time for a repeated START condition 0.26 us
tHo.DAT Data hold time 0 us
tsu.pAT Data setup time 50 ns
t, SDA and SCL rise time 120 ns
t SDA and SCL fall time 20 x (lovbb/ 5V5) 120 ns
tsu:sto Setup time for STOP condition 0.26 us
tsur Bus free time between a STOP and START condition 0.5 us

7.7 Switching Characteristics: I12C Interface
at Ty = 25°C, IOVDD = 3.3 V or 1.8 V (unless otherwise noted); see Figure 7-1 for timing diagram

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
Standard-mode 250 1250
taspa) SCL to SDA delay Fast-mode 250 850 ns
Fast-mode plus 400
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7.8 Timing Requirements: TDM, 12S or LJ Interface
at Ty = 25°C, IOVDD = 3.3 V or 1.8 V and 20-pF load on all outputs (unless otherwise noted); see Figure 7-2 for timing

diagram
MIN NOM MAX UNIT

tBeLk) BCLK period 20 "~
thsoLk) BCLK high pulse duration (1) 25 s
tL@cLK) BCLK low pulse duration () 25 s
tsuFsyne) FSYNC setup time ) s
tHLD(FSYNC) FSYNC hold time s
tBCLK) BCLK rise time 10% - 90% rise time(?) 10 s
tiseLK) BCLK fall ime 90% - 10% fall time(® 10 ns

(1) The BCLK minimum high or low pulse duration can be relaxed to 14 ns (to meet the timing specifications), if the SDOUT data line is

latched on the same BCLK edge polarity as the edge used by the device to transmit SDOUT data.

(2) The BCLK maximum rise and fall time can be relaxed to 13 ns if the BCLK frequency used in the system is below 20 MHz. Relaxing

the BCLK rise and fall time can cause noise to increase because of higher clock jitter.

7.9 Switching Characteristics: TDM, I2S or LJ Interface
at Tp = 25°C, IOVDD = 3.3 V or 1.8 V and 20-pF load on all outputs (unless otherwise noted); see Figure 7-2 for timing

diagram
PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
td(SDOUT—BCLK) BCLK to SDOUT delay 50% of BCLK to 50% of SDOUT 3 18 ns
FSYNC to SDOUT delay in TDM o N
td(SDOUT—FSYNC) or LJ mode (for MSB data with s.rS)OD/éS]erSYNC to 50% of 18 ns
TX_OFFSET =0)
BCLK output clock frequency:
frecLk) master mgde U] aeney 24.576)  MHz
BCLK high pulse duration: master
tH(BCLK) mode gnp 14 ns
BCLK low pulse duration: master
tL(BCLK) mode 14 ns
tyFsynG) i%'&z to FSYNC delay: master | 550, ¢ 30| K to 50% of FSYNC 3 18] ns
trecLK) BCLK rise time: master mode 10% - 90% rise time ns
tiscLk) BCLK fall time: master mode 90% - 10% fall time ns

(1) The BCLK output clock frequency must be lower than 18.5 MHz (to meet the timing specifications), if the SDOUT data line is latched
on the opposite BCLK edge polarity than the edge used by the device to transmit SDOUT data.

7.10 Timing Requirements: PDM Digital Microphone Interface

at Tp = 25°C, IOVDD = 3.3 V or 1.8 V and 20-pF load on all outputs (unless otherwise noted); see Figure 7-3 for timing

diagram

MIN NOM MAX UNIT
tsu(PDMDINX) PDMDINXx setup time 30 ns
tHLD(PDMDINX) PDMDINXx hold time 0 ns
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7.11 Switching Characteristics: PDM Digital Microphone Interface

at Ty = 25°C, IOVDD = 3.3 V or 1.8 V and 20-pF load on all outputs (unless otherwise noted); see Figure 7-3 for timing
diagram

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
firomeLK) PDMCLK clock frequency 0.768 6.144 MHz
thPomcLK) PDMCLK high pulse duration 72 ns
tL(POMCLK) PDMCLK low pulse duration 72 ns
tr(POMCLK) PDMCLK rise time 10% - 90% rise time 18 ns
tiPpMmCLK) PDMCLK fall time 90% - 10% fall time 18 ns

7.12 Timing Diagrams

Figure 7-1. I2C Interface Timing Diagram
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\ / \ / h g
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N N
/ \ / \

I
I
| o i
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I

. — 4 | |
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tr(BCLK)—H H—H — tigok) | ‘ tarsyne ! 3 ‘
I
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Figure 7-2. TDM (With BCLK_POL = 1), I2S, and LJ Interface Timing Diagram
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Figure 7-3. PDM Digital Microphone Interface Timing Diagram
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7.13 Typical Characteristics

at Tp = 25°C, AVDD = 3.3V, IOVDD = 3.3V, fiy = 1-kHz sinusoidal signal, fg = 48 kHz, 32-bit audio data, BCLK = 256 x
fs, TDM slave mode, PLL on, DRE_LVL = -36 dB, channel gain = 0 dB, and linear phase decimation filter (unless otherwise
noted); all performance measurements are done with a 20-kHz, low-pass filter, and an A-weighted filter
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Figure 7-4. THD+N vs Input Amplitude With DRE Enabled
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Figure 7-5. THD+N vs Input Amplitude With DRE Disabled
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Figure 7-6. THD+N vs Input Amplitude With DRE Enabled
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Figure 7-7. THD+N vs Input Amplitude With DRE Disabled
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Figure 7-8. THD+N vs Input Amplitude With DRE Enabled
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Figure 7-9. THD+N vs Input Amplitude With DRE Disabled
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7.13 Typical Characteristics (continued)

at Tp = 25°C, AVDD = 3.3V, IOVDD = 3.3V, fiy = 1-kHz sinusoidal signal, fg = 48 kHz, 32-bit audio data, BCLK = 256 x
fs, TDM slave mode, PLL on, DRE_LVL = -36 dB, channel gain = 0 dB, and linear phase decimation filter (unless otherwise
noted); all performance measurements are done with a 20-kHz, low-pass filter, and an A-weighted filter
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Figure 7-10. THD+N vs Input Frequency at —-60-dBr Input With
DRE Enabled

Figure 7-11. THD+N vs Input Frequency at —60-dBr Input With
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Figure 7-12. THD+N vs Input Frequency at —1-dBr Input With
DRE Disabled
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Figure 7-13. Input-Referred Noise vs Channel Gain
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Figure 7-14. Input-Referred Noise vs Channel Gain
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Figure 7-15. Frequency Response With a -12-dBr Input
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7.13 Typical Characteristics (continued)

at Tp = 25°C, AVDD = 3.3V, IOVDD = 3.3V, fiy = 1-kHz sinusoidal signal, fg = 48 kHz, 32-bit audio data, BCLK = 256 x

fs, TDM slave mode, PLL on, DRE_LVL = -36 dB, channel gain = 0 dB, and linear phase decimation filter (unless otherwise

noted); all performance measurements are done with a 20-kHz, low-pass filter, and an A-weighted filter
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Figure 7-16. Power-Supply Rejection Ratio vs Ripple Frequency
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Figure 7-17. FFT With Idle Input With DRE Enabled
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Figure 7-18. FFT With Idle Input With DRE Disabled
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Figure 7-20. FFT With a —-60-dBr Input With DRE Disabled
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Figure 7-19. FFT With a —-60-dBr Input With DRE Enabled
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Figure 7-21. FFT With a —1-dBr Input With DRE Disabled
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7.13 Typical Characteristics (continued)

at Tp = 25°C, AVDD = 3.3V, IOVDD = 3.3V, fiy = 1-kHz sinusoidal signal, fg = 48 kHz, 32-bit audio data, BCLK = 256 x
fs, TDM slave mode, PLL on, DRE_LVL = -36 dB, channel gain = 0 dB, and linear phase decimation filter (unless otherwise
noted); all performance measurements are done with a 20-kHz, low-pass filter, and an A-weighted filter
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Figure 7-22. Common-Mode Rejection Ratio vs Ripple
Frequency With 100-mVpp Amplitude and DRE Disabled
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Figure 7-23. Common-Mode Rejection Ratio vs Ripple
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Figure 7-24. Input-Referred Noise vs Channel Gain
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Figure 7-25. THD+N vs Input Amplitude With DRE Enabled
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Figure 7-26. THD+N vs Input Amplitude With DRE Disabled
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8 Detailed Description
8.1 Overview

The TLV320ADCG6120 is a high-performance, low-power, flexible, 2-channel, audio analog-to-digital converter
(ADC) with extensive feature integration. This device is intended for applications in voice-activated
systems, professional microphones, audio conferencing, portable computing, communication, and entertainment
applications. The high dynamic range of the device enables far-field audio recording with high fidelity.
This device integrates a host of features that reduces cost, board space, and power consumption in space-
constrained, battery-powered, consumer, home, and industrial applications.

The TLV320ADC6120 consists of the following blocks:

» 2-channel, multibit, high-performance delta-sigma (AZ) ADC

» Configurable single-ended or differential audio inputs

* Low-noise, programmable microphone bias output

» Dynamic range enhancer (DRE) to support a 123-dB dynamic range

* Automatic gain controller (AGC)

* Programmable decimation filters with a linear-phase filter or a low-latency filter

* Programmable channel gain, volume control, biquad filters for each channel

* Programmable phase and gain calibration with fine resolution for each channel

* Programmable high-pass filter (HPF), and digital channel mixer

» Pulse density modulation (PDM) microphone 4-channel interface with a high-performance decimation filter
* Integrated low-jitter phase-locked loop (PLL) supporting a wide range of system clocks
* Integrated digital and analog voltage regulators to support single-supply operation

Communication to the TLV320ADC6120 for configuring the control registers is supported using an 12C interface.
The device supports a highly flexible audio serial interface [time-division multiplexing (TDM), I2S, or left-justified
(LJ)] to transmit audio data seamlessly in the system across devices.

The TLV320ADC6120 can support multiple devices by sharing the common TDM bus across devices. Moreover,
the device includes a daisy-chain feature as well. These features relax the shared TDM bus timing requirements
and board design complexities when operating multiple devices for applications requiring high audio data
bandwidth.

Table 8-1 lists the reference abbreviations used throughout this document to registers that control the device.

Table 8-1. Abbreviations for Register References
REFERENCE ABBREVIATION DESCRIPTION EXAMPLE

Single data bit. The value of a

Page v, register z, bit k Py_Rz_Dk single bit in a register.

Page 4, register 36, bit 0 = P4_R36_DO0

Range of data bits. A range of

Page vy, register z, bits k-m Py_Rz_Dlk:m] data bits (inclusive).

Page 4, register 36, bits 3-0 = P4_R36_DI[3:0]

One entire register. All eight

Page vy, register z Py Rz bits in the register as a unit. Page 4, register 36 = P4_R36
Page vy, registers z-n Py _Rz-Rn Rapge of.reglsters. Arange of Page 4, registers 36, 37, 38 = P4_R36-R38
registers in the same page.
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8.2 Functional Block Diagram
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8.3 Feature Description
8.3.1 Serial Interfaces

This device has two serial interfaces: control and audio data. The control serial interface is used for device
configuration. The audio data serial interface is used for transmitting audio data to the host device.

8.3.1.1 Control Serial Interfaces

The device contains configuration registers and programmable coefficients that can be set to the desired values
for a specific system and application use. All registers can be accessed using 12C communication to the device.
For more information, see the Programming section.

8.3.1.2 Audio Serial Interfaces

Digital audio data flows between the host processor and the TLV320ADC6120 on the digital audio serial
interface (ASI), or audio bus. This highly flexible ASI bus includes a TDM mode for multichannel operation,
support for 12S or left-justified protocols format, programmable data length options, very flexible master-slave
configurability for bus clock lines and the ability to communicate with multiple devices within a system directly.
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The bus protocol TDM, I2S, or left-justified (LJ) format can be selected by using the ASI_FORMAT[1:0]
(PO_R7_D[7:6]) register bits. As shown in Table 8-2 and Table 8-3, these modes are all most significant byte
(MSB)-first, pulse code modulation (PCM) data format, with the output channel data word-length programmable
as 16, 20, 24, or 32 bits by configuring the ASI_WLEN[1:0] (PO_R7_D[5:4]) register bits.

Table 8-2. Audio Serial Interface Format

P0_R7_D[7:6] : ASI_FORMAT[1:0] AUDIO SERIAL INTERFACE FORMAT
00 (default) Time division multiplexing (TDM) mode
01 Inter IC sound (12S) mode
10 Left-justified (LJ) mode
11 Reserved (do not use this setting)

Table 8-3. Audio Output Channel Data Word-Length

PO0_R7_D[5:4] : ASI_WLENI[1:0] AUDIO OUTPUT CHANNEL DATA WORD-LENGTH
00 Output channel data word-length set to 16 bits
01 Output channel data word-length set to 20 bits
10 Output channel data word-length set to 24 bits
11 (default) Output channel data word-length set to 32 bits

The frame sync pin, FSYNC, is used in this audio bus protocol to define the beginning of a frame and has the
same frequency as the output data sample rates. The bit clock pin, BCLK, is used to clock out the digital audio
data across the serial bus. The number of bit-clock cycles in a frame must accommodate multiple device active
output channels with the programmed data word length.

A frame consists of multiple time-division channel slots (up to 64) to allow all output channel audio data
transmissions to complete on the audio bus by a device or multiple TLV320ADC6120 devices sharing the same
audio bus. The device supports up to four output channels that can be configured to place their audio data on
bus slot 0 to slot 63. Table 8-4 lists the output channel slot configuration settings. In 12S and LJ mode, the slots
are divided into two sets, left-channel slots and right-channel slots, as described in the Inter IC Sound (I?S)
Interface and Left-Justified (LJ) Interface sections.

Table 8-4. Output Channel Slot Assignment Settings

P0_R11_D[5:0] : CH1_SLOT[5:0] OUTPUT CHANNEL 1 SLOT ASSIGNMENT
00 0000 = 0d (default) Slot 0 for TDM or left slot 0 for 12S, LJ.
00 0001 =1d Slot 1 for TDM or left slot 1 for 12S, LJ.
01 1111 = 31d Slot 31 for TDM or left slot 31 for 12S, LJ.
10 0000 = 32d Slot 32 for TDM or right slot 0 for I2S, LJ.
11 1110 = 62d Slot 62 for TDM or right slot 30 for 12S, LJ.
11 1111 = 63d Slot 63 for TDM or right slot 31 for I2S, LJ.

Similarly, the slot assignment setting for output channel 2 to channel 8 can be done using the CH2_SLOT
(PO_R12) to CH8_SLOT (P0_R18) registers, respectively.

The slot word length is the same as the output channel data word length set for the device. The output channel
data word length must be set to the same value for all TLV320ADC6120 devices if all devices share the same
ASI bus in a system. The maximum number of slots possible for the ASI bus in a system is limited by the
available bus bandwidth, which depends upon the BCLK frequency, output data sample rate used, and the
channel data word length configured.
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The device also includes a feature that offsets the start of the slot data transfer with respect to the frame sync by
up to 31 cycles of the bit clock. Table 8-5 lists the programmable offset configuration settings.

Table 8-5. Programmable Offset Settings for the ASI Slot Start
P0_R8_D[4:0] : TX_OFFSET[4:0] PROGRAMMABLE OFFSET SETTING FOR SLOT DATA TRANSMISSION START

0 0000 = 0d (default) The device follows the standard protocol timing without any offset.

Slot start is offset by one BCLK cycle, as compared to standard protocol timing.
00001 =1d For I2S or LJ, the left and right slot start is offset by one BCLK cycle, as compared to
standard protocol timing.

Slot start is offset by 30 BCLK cycles, as compared to standard protocol timing.
11110 = 30d For I2S or LJ, the left and right slot start is offset by 30 BCLK cycles, as compared to
standard protocol timing.

Slot start is offset by 31 BCLK cycles, as compared to standard protocol timing.
11111 = 31d For I2S or LJ, the left and right slot start is offset by 31 BCLK cycles, as compared to
standard protocol timing.

The device also features the ability to invert the polarity of the frame sync pin, FSYNC, used to transfer the audio
data as compared to the default FSYNC polarity used in standard protocol timing. This feature can be set using
the FSYNC_POL (P0_R7_D3) register bit. Similarly, the device can invert the polarity of the bit clock pin, BCLK,
which can be set using the BCLK_POL (P0_R7_D2) register bit.

8.3.1.2.1 Time Division Multiplexed Audio (TDM) Interface

In TDM mode, also known as DSP mode, the rising edge of FSYNC starts the data transfer with the slot O data
first. Immediately after the slot O data transmission, the remaining slot data are transmitted in order. FSYNC and
each data bit (except the MSB of slot 0 when TX_OFFSET equals 0) is transmitted on the rising edge of BCLK.
Figure 8-1 to Figure 8-4 illustrate the protocol timing for TDM operation with various configurations.

T T T T TTTTIT T T T
FSYNC Lol Ll

SDOUT—| N—1| N—2| N-3 |::| 2 | 1 | 0 |N—1| N—2| N-3 |Z:| 2 | 1 | 0 |N-1| N—2| N-3 |::| 2 | 1 | 0 |——4| N—1| N—2| N-3 |ZZ| 2 | 1 | 0 ‘

«— Slot-0 — p¢— Slot-1 ______p ¢ Slot-2to Slot-7— «— Slot-0 —
(Word Length : N) (Word Length : N) (Word Length : N) (Word Length : N)
< n'" Sample > <«— (n+1)" Sample

Figure 8-1. TDM Mode Standard Protocol Timing (TX_OFFSET = 0)

T T T T TTTTIT T T T
FSYNC Lol Ll

BCLKI_I_ m;; = == = —I_IEE
SbouT N-1 EE| 2 | 1 | 0 |N—1| N—2| N-3 |EE| 2 | 1 | 0 |N—1| N—2| N-3 |EE| 2 | 1 | 0 |—— N-1 EE

< < Slot-0 — p g Slot-1 ¢ Slot-2to Slot-7— < e Slot-0 —
(Word Length : N) (Word Length : N) (Word Length : N) (Word Length : N)

TX_OFFSET =2
<+——— n" Sample > _OFFS <+——(n+1)" Sample

TX_OFFSET =2

Figure 8-2. TDM Mode Protocol Timing (TX_OFFSET = 2)
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Figure 8-3. TDM Mode Protocol Timing (No Idle BCLK Cycles, TX_OFFSET = 2)
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Figure 8-4. TDM Mode Protocol Timing (TX_OFFSET = 0 and BCLK_POL =1)

For proper operation of the audio bus in TDM mode, the number of bit clocks per frame must be greater than
or equal to the number of active output channels times the programmed word length of the output channel data.
The device supports FSYNC as a pulse with a 1-cycle-wide bit clock, but also supports multiples as well. For a
higher BCLK frequency operation, using TDM mode with a TX_OFFSET value higher than 0 is recommended.

8.3.1.2.2 Inter IC Sound (I2S) Interface

The standard 12S protocol is defined for only two channels: left and right. The device extends the same protocol
timing for multichannel operation. In 12S mode, the MSB of the left slot 0 is transmitted on the falling edge of
BCLK in the second cycle after the falling edge of FSYNC. Immediately after the left slot 0 data transmission, the
remaining left slot data are transmitted in order. The MSB of the right slot 0 is transmitted on the falling edge of
BCLK in the second cycle after the rising edge of FSYNC. Immediately after the right slot 0 data transmission,
the remaining right slot data are transmitted in order. FSYNC and each data bit is transmitted on the falling edge
of BCLK. Figure 8-5 to Figure 8-8 illustrate the protocol timing for |12S operation with various configurations.

FSYNC—| _ __ ___J i N ___I -
BOLK = == == == == =z = []]
SPOUT—fmiwze=| o+ [o [wifwe]==[ [ o |22 ——m==[ s [o [mwe]z= [o Jz2——m]we =] 1 [0

«— left — pge— left— «— Right — p¢— Right — «— left — »
Slot-0 Slot-2 to Slot-3 Slot-0 Slot-2 to Slot-3 Slot-0
(Word Length : N) (Word Length : N) (Word Length : N)  (Word Length : N) (Word Length : N)
< n'" Sample > <—— (n+1)" Sample

Figure 8-5. I12S Mode Standard Protocol Timing (TX_OFFSET = 0)
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Figure 8-6. I12S Protocol Timing (TX_OFFSET =1)
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Figure 8-7. IS Protocol Timing (No Idle BCLK Cycles, TX_OFFSET = 0)

FSYNC_I B __ ___J _ N “_I -
e | [ TRl U U Tl L ==L L =L UU UL

SDOUT_| N—1| N-2 |EE| 1 | 0 |N—1| N-2 |EE| 1 | 0 |EE::| 1 | 0 |N—1| N-2 |::| 1 | 0 |EE |N1| N-2 |__| 1 | 0 ‘
«— left — pg— left — «— Right — pg¢—— Right — «— Left —
Slot-0 Slot-2 to Slot-3 Slot-0 Slot-2 to Slot-3 Slot-0
(Word Length : N) (Word Length : N) (Word Length : N)  (Word Length : N) (Word Length : N)
< n'" Sample > <«—— (n+1)" Sample

Figure 8-8. I2S Protocol Timing (TX_OFFSET = 0 and BCLK_POL = 1)

For proper operation of the audio bus in 12S mode, the number of bit clocks per frame must be greater than or
equal to the number of active output channels (including left and right slots) times the programmed word length
of the output channel data. The device FSYNC low pulse must be a number of BCLK cycles wide that is greater
than or equal to the number of active left slots times the data word length configured. Similarly, the FSYNC high
pulse must be a number of BCLK cycles wide that is greater than or equal to the number of active right slots
times the data word length configured.

8.3.1.2.3 Left-Justified (LJ) Interface

The standard LJ protocol is defined for only two channels: left and right. The device extends the same protocol
timing for multichannel operation. In LJ mode, the MSB of the left slot O is transmitted in the same BCLK
cycle after the rising edge of FSYNC. Each subsequent data bit is transmitted on the falling edge of BCLK.
Immediately after the left slot 0 data transmission, the remaining left slot data are transmitted in order. The MSB
of the right slot 0 is transmitted in the same BCLK cycle after the falling edge of FSYNC. Each subsequent data
bit is transmitted on the falling edge of BCLK. Immediately after the right slot O data transmission, the remaining
right slot data are transmitted in order. FSYNC is transmitted on the falling edge of BCLK. Figure 8-9 to Figure
8-12 illustrate the protocol timing for LJ operation with various configurations.
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Figure 8-9. LJ Mode Standard Protocol Timing (TX_OFFSET = 0)
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Figure 8-10. LJ Protocol Timing (TX_OFFSET = 2)
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Figure 8-11. LJ Protocol Timing (No Idle BCLK Cycles, TX_OFFSET = 0)
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Figure 8-12. LJ Protocol Timing (TX_OFFSET =1 and BCLK_POL =1)

For proper operation of the audio bus in LJ mode, the number of bit clocks per frame must be greater than or
equal to the number of active output channels (including left and right slots) times the programmed word length
of the output channel data. The device FSYNC high pulse must be a number of BCLK cycles wide that is greater
than or equal to the number of active left slots times the data word length configured. Similarly, the FSYNC low
pulse must be number of BCLK cycles wide that is greater than or equal to the number of active right slots times
the data word length configured. For a higher BCLK frequency operation, using LJ mode with a TX_OFFSET

value higher than 0 is recommended.
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8.3.1.3 Using Multiple Devices With Shared Buses

The device has many supported features and flexible options that can be used in the system to seamlessly
connect the TLV320ADC6120 and any other audio device by sharing a single common I2C control bus and an
audio serial interface bus. This architecture enables multiple applications to be applied to a system that require a
microphone array for beam-forming operations, audio conferencing, noise cancellation, and so forth. Figure 8-13
shows a diagram of the TLV320ADC6120 and TLV320ADCx140 devices in a configuration where the control and

audio data buses are shared.

Host Processor

Control Bus — I°C Interface

TLV320ADCx120

Ui

TLV320ADCx140

u2

l

l

Audio Data Bus — TDM, IS, LJ Interface

Figure 8-13. Multiple Devices With Shared Control and Audio Data Buses

The TLV320ADC6120 consists of the following features to enable seamless connection and interaction of

multiple devices using a shared bus:

+ 12C broadcast simultaneously writes to (or triggers) all TLV320ADC6120 and TLV320ADCx140 devices

» Supports up to 64 configuration output channel slots for the audio serial interface

» Tri-state feature (with enable and disable) for the unused audio data slots of the device

» Supports a bus-holder feature (with enable and disable) to keep the last driven value on the audio bus

* The GPIO1 or GPOx pin can be configured as a secondary output data lane for the audio serial interface
» The GPIO1 or GPIx pin can be used in a daisy-chain configuration of multiple devices

» Supports one BCLK cycle data latching timing to relax the timing requirement for the high-speed interface
» Programmable master and slave options for the audio serial interface

» Ability to synchronize the multiple devices for the simultaneous sampling requirement across devices

See the Multiple TLV320ADCx140 Devices With Shared TDM and I?C Bus application report for further details.

26 Submit Document Feedback

Copyright © 2021 Texas Instruments Incorporated

Product Folder Links: TLV320ADC6120


https://www.ti.com/lit/pdf/SBAA383
https://www.ti.com/product/TLV320ADC6120
https://www.ti.com
https://www.ti.com/feedbackform/techdocfeedback?litnum=SBASA92A&partnum=TLV320ADC6120
https://www.ti.com/product/tlv320adc6120?qgpn=tlv320adc6120

13 TEXAS
INSTRUMENTS TLV320ADC6120
www.ti.com SBASA92A — DECEMBER 2020 — REVISED JUNE 2021

8.3.2 Phase-Locked Loop (PLL) and Clock Generation

The device has a smart auto-configuration block to generate all necessary internal clocks required for the ADC
modulator and the digital filter engine used for signal processing. This configuration is done by monitoring the
frequency of the FSYNC and BCLK signal on the audio bus.

The device supports the various output data sample rates (of the FSYNC signal frequency) and the BCLK to
FSYNC ratio to configure all clock dividers, including the PLL configuration, internally without host programming.
Table 8-6 and Table 8-7 list the supported FSYNC and BCLK frequencies.

Table 8-6. Supported FSYNC (Multiples or Submultiples of 48 kHz) and BCLK Frequencies

BCLK TO BCLK (MHz)
FSYNC FSYNC FSYNC FSYNC FSYNC FSYNC FSYNC |FSYNC (192 FSYNC (384 |[FSYNC (768
RATIO (8 kHz) (16 kHz) (24 kHz) (32 kHz) (48 kHz) (96 kHz) kHz) kHz) kHz)
16 Reserved 0.256 0.384 0.512 0.768 1.536 3.072 6.144 12.288
24 Reserved 0.384 0.576 0.768 1.152 2.304 4.608 9.216 18.432
32 0.256 0.512 0.768 1.024 1.536 3.072 6.144 12.288 24.576
48 0.384 0.768 1.152 1.536 2.304 4.608 9.216 18.432 Reserved
64 0.512 1.024 1.536 2.048 3.072 6.144 12.288 24.576 Reserved
96 0.768 1.536 2.304 3.072 4.608 9.216 18.432 Reserved | Reserved
128 1.024 2.048 3.072 4.096 6.144 12.288 24.576 Reserved | Reserved
192 1.536 3.072 4.608 6.144 9.216 18.432 Reserved Reserved | Reserved
256 2.048 4.096 6.144 8.192 12.288 24.576 Reserved | Reserved | Reserved
384 3.072 6.144 9.216 12.288 18.432 Reserved | Reserved | Reserved | Reserved
512 4.096 8.192 12.288 16.384 24.576 Reserved | Reserved | Reserved | Reserved
1024 8.192 16.384 24.576 Reserved | Reserved | Reserved | Reserved | Reserved | Reserved
2048 16.384 Reserved | Reserved | Reserved | Reserved | Reserved | Reserved Reserved | Reserved

Table 8-7. Supported FSYNC (Multiples or Submultiples of 44.1 kHz) and BCLK Frequencies
BCLK (MHz)

BI?SLYKN-I(-:0 FSYNC FSYNC FSYNC FSYNC FSYNC FSYNC FSYNC FSYNC FSYNC
RATIO (7.35 kHz) | (14.7 kHz) | (22.05 kHz) | (29.4 kHz) | (44.1 kHz) | (88.2 kHz) | (176.4 kHz) | (352.8 kHz) | (705.6 kHz)
16 Reserved | Reserved 0.3528 0.4704 0.7056 1.4112 2.8224 5.6448 11.2896
24 Reserved 0.3528 0.5292 0.7056 1.0584 2.1168 4.2336 8.4672 16.9344
32 Reserved 0.4704 0.7056 0.9408 1.4112 2.8224 5.6448 11.2896 22.5792
48 0.3528 0.7056 1.0584 1.4112 2.1168 4.2336 8.4672 16.9344 Reserved
64 0.4704 0.9408 1.4112 1.8816 2.8224 5.6448 11.2896 22.5792 Reserved
96 0.7056 1.4112 2.1168 2.8224 4.2336 8.4672 16.9344 Reserved | Reserved
128 0.9408 1.8816 2.8224 3.7632 5.6448 11.2896 22.5792 Reserved | Reserved
192 1.4112 2.8224 4.2336 5.6448 8.4672 16.9344 Reserved | Reserved | Reserved
256 1.8816 3.7632 5.6448 7.5264 11.2896 22.5792 Reserved | Reserved | Reserved
384 2.8224 5.6448 8.4672 11.2896 16.9344 Reserved | Reserved | Reserved | Reserved
512 3.7632 7.5264 11.2896 15.0528 22.5792 Reserved | Reserved | Reserved | Reserved
1024 7.5264 15.0528 22.5792 Reserved | Reserved | Reserved | Reserved Reserved | Reserved
2048 15.0528 Reserved | Reserved | Reserved | Reserved | Reserved | Reserved Reserved | Reserved

The status register ASI_STS (P0_R21), captures the device auto detect result for the FSYNC frequency and
the BCLK to FSYNC ratio. If the device finds any unsupported combinations of FSYNC frequency and BCLK to
FSYNC ratios, the device generates an ASI clock-error interrupt and mutes the record channels accordingly.

The device uses an integrated, low-jitter, phase-locked loop (PLL) to generate internal clocks required for the
ADC modulator and digital filter engine, as well as other control blocks. The device also supports an option
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to use BCLK, GPIO1, or the GPIx pin (as MCLK) as the audio clock source without using the PLL to reduce
power consumption. However, the ADC performance may degrade based on jitter from the external clock
source, and some processing features may not be supported if the external audio clock source frequency is
not high enough. Therefore, TlI recommends using the PLL for high-performance applications. More details and
information on how to configure and use the device in low-power mode without using the PLL are discussed in
the TLV320ADCx120 Power Consumption Matrix Across Various Usage Scenarios application report.

The device also supports an audio bus master mode operation using the GPIO1 or GPIx pin (as MCLK) as
the reference input clock source and supports various flexible options and a wide variety of system clocks.
More details and information on master mode configuration and operation are discussed in the Configuring and
Operating TLV320ADCx120 as an Audio Bus Master application report.

The audio bus clock error detection and auto-detect feature automatically generates all internal clocks, but can
be disabled using the ASI_ERR (PO_R9 _D5) and AUTO_CLK_CFG (P0_R19_D6) register bits, respectively.
In the system, this disable feature can be used to support custom clock frequencies that are not covered by
the auto detect scheme. For such application use cases, care must be taken to ensure that the multiple clock
dividers are all configured appropriately. Therefore, TI recommends using the PPC3 GUI for device configuration
settings; for more details see the ADCx120EVM-PDK Evaluation module user's guide and the PurePath™
console graphical development suite.

8.3.3 Input Channel Configurations

The device consists of two pairs of analog input pins (INxP and INxM) that can be configured as differential
inputs or single-ended inputs for the recording channel. The device supports simultaneous recording of up
to two channels using the high-performance multichannel ADC. The input source for the analog pins can be
from electret condenser analog microphones, micro-electro-mechanical system (MEMS) analog microphones,
or line-in (auxiliary) inputs from the system board. Additionally, if the application uses digital PDM microphones
for the recording, then the IN2P_GPI1, IN2M_GPO1, GPIO1, and MICBIAS_GPI2 pins can be reconfigured in
the device to support up to four channels for the digital microphone recording. The device can also support
simultaneous recording on two analog and two digital microphone channels. Table 8-8 shows the input source
selection for the record channel.

Table 8-8. Input Source Selection for the Record Channel
P0_R60_D[6:5] : CH1_INSRC[1:0] INPUT CHANNEL 1 RECORD SOURCE SELECTION

Analog differential input for channel 1 (this setting is valid only when the GPI1 and GPO1 pin

00 (default) functions are disabled)

Analog single-ended input for channel 1 (this setting is valid only when the GPI1 and GPO1

01 pin functions are disabled)

10 Digital PDM input for channel 1 (configure the GPIx and GPOx pin accordingly for PDMDIN1
and PDMCLK)

11 Reserved (do not use this setting)

Similarly, the input source selection setting for input channel 2, channel 3, and channel 4 can be configured
using the CH2_INSRC[1:0] (PO_R65 D[6:5]), CH3_INSRC[1:0] (PO_R70_DI[6:5]), and CH4_INSRC[1:0]
(PO_R75_DI[6:5]) register bits, respectively.

Typically, voice or audio signal inputs are capacitively coupled (AC coupled) to the device; however, the
device also supports an option for DC-coupled inputs to save board space. This configuration can be done
independently for each channel by setting the CH1_DC (P0_R60_D4), CH2_DC (P0_R65_D4), CH3 _DC
(PO_R70_D4), and CH4_DC (P0_R75_D4) register bits. The INxM pin can be directly grounded in DC-coupled
mode (see Figure 8-14), but the INxM pin must be grounded after the AC-coupling capacitor in AC-coupled
mode (see Figure 8-15) for the single-ended input configuration. For the best dynamic range performance, the
differential AC-coupled input must be used with the DRE enabled.
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Line or Line or
Microphone Microphone
Single-ended INxP Single-ended INP
Input Input
INxM INXM
GND TLV320ADCx120 GND TLV320ADCx120
Figure 8-14. Single-Ended, DC-Coupled Input Figure 8-15. Single-Ended, AC-Coupled Input
Connection Connection

The device allows for flexibility in choosing the typical input impedance on INxP or INxM from 2.5 kQ (default),
10 kQ, and 20 kQ based on the input source impedance. The higher input impedance results in slightly higher
noise or lower dynamic range. Table 8-9 lists the configuration register settings for the input impedance for the
record channel.

Table 8-9. Input Impedance Selection for the Record Channel
PO_R60_D[3:2] : CH1_IMP[1:0] CHANNEL 1 INPUT IMPEDANCE SELECTION

00 (default) Channel 1 input impedance typical value is 2.5 kQ on INxP or INxM
01 Channel 1 input impedance typical value is 10 kQ on INxP or INxM
10 Channel 1 input impedance typical value is 20 kQ on INxP or INxM

11 Reserved (do not use this setting)

Similarly, the input impedance selection setting for input channel 2 can be configured using the CH2_IMP[1:0]
(PO_R65_D[3:2]) register bits.

The value of the coupling capacitor in AC-coupled mode must be chosen so that the high-pass filter formed by
the coupling capacitor and the input impedance do not affect the signal content. Before proper recording can
begin, this coupling capacitor must be charged up to the common-mode voltage at power up. To enable quick
charging, the device has modes to speed up the charging of the coupling capacitor. The default value of the
quick-charge timing is set for a coupling capacitor up to 1 yF. However, if a higher-value capacitor is used in the
system, then the quick-charging timing can be increased by using the INCAP_QCHG (P0_R5_D[5:4]) register
bits. For best distortion performance, use the low-voltage coefficient capacitors for AC coupling.

The TLV320ADC6120 can also support a higher input common-mode tolerance at the expense of noise
performance by a few decibels. The device supports three different modes with different common-mode
tolerances, which can be configured using the CH1_INP_CM_TOL_CFG[1:0] (PO_R58 _D[7:6]) register bits.
Table 8-10 lists the configuration register settings for the input impedance for the record channel.

Table 8-10. Common-Mode Tolerance Mode Selection for Record Channel

P0_R58_D[7:6] : CHANNEL 1 INPUT COMMON-MODE TOLERANCE
CH1_INP_CM_TOL_CFG[1:0]

Channel 1 input common-mode tolerance of: AC-coupled input = 100 mVpp, DC-coupled
input =282 Vpp.

Channel 1 input common-mode tolerance of: AC/DC-coupled input = 1 Vpp.

00 (default)

01

Channel 1 input common-mode tolerance of: AC/DC-coupled input = 0-AVDD (supported
only with an input impedance of 10 kQ and 20 kQ). For input impedance of 2.5 kQ, the input
common-mode tolerance is 0.4 V to 2.6 V.

10 (high CMRR mode)

11 Reserved (do not use this setting)

Similarly, the common-mode tolerance setting for input channel 2 can be configured using the
CH2_INP_CM_TOL_CFGJ[1:0] (PO_R58_DI[5:4]) register bits. See the Input Common Mode Tolerance and High
CMRR modes for TLV320ADCx120 Devices application report for further details.
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8.3.4 Reference Voltage

All audio data converters require a DC reference voltage. The TLV320ADC6120 achieves low-noise
performance by internally generating a low-noise reference voltage. This reference voltage is generated using a
band-gap circuit with high PSRR performance. This audio converter reference voltage must be filtered externally
using a minimum 1-pF capacitor connected from the VREF pin to analog ground (AVSS).

The value of this reference voltage can be configured using the PO_R59 D[1:0] register bits and must be set to
an appropriate value based on the desired full-scale input for the device and the AVDD supply voltage available
in the system. The default VREF value is set to 2.75 V, which in turn supports a 2-Vgys differential full-scale
input to the device. The required minimum AVDD voltage for this mode is 3 V. Table 8-11 lists the various
VREF settings supported along with required AVDD range and the supported full-scale input signal for that
configuration.

Table 8-11. VREF Programmable Settings

VREF OUTPUT DIFFERENTIAL FULL- SINGLE-ENDED FULL-
P0_R59_DJ[1:0] : VOLTAGE (Same as SCALE INPUT SCALE INPUT AVDD RANGE
ADC_FSCALE[1:0] Internal ADC VREF) SUPPORTED SUPPORTED REQUIREMENT
00 (default) 275V 2 Vrms 1 Vrus 3Vto3.6V
01 25V 1.818 VRus 0.909 VRums 28Vto36V
10 1.375V 1 VRus 0.5 VRrms 1.7Vto19V
1 Reserved Reserved Reserved Reserved

To achieve low-power consumption, this audio reference block is powered down as described in the Sleep Mode
or Software Shutdown section. When exiting sleep mode, the audio reference block is powered up using the
internal fast-charge scheme and the VREF pin settles to its steady-state voltage after the settling time (a function
of the decoupling capacitor on the VREF pin). This time is approximately equal to 3.5 ms when using a 1-yF
decoupling capacitor. If a higher-value decoupling capacitor is used on the VREF pin, the fast-charge setting
must be reconfigured using the VREF_QCHG (P0_R2_DJ[4:3]) register bits, which support options of 3.5 ms
(default), 10 ms, 50 ms, or 100 ms.

8.3.5 Programmable Microphone Bias

The device integrates a built-in, low-noise microphone bias pin that can be used in the system for biasing
electret-condenser microphones or providing the supply to the MEMS analog or digital microphone. The
integrated bias amplifier supports up to 5 mA of load current that can be used for multiple microphones and
is designed to provide a combination of high PSRR, low noise, and programmable bias voltages to allow the
biasing to be fine tuned for specific microphone combinations.

When using this MICBIAS pin for biasing or supplying to multiple microphones, avoid any common impedance
on the board layout for the MICBIAS connection to minimize coupling across microphones. Table 8-12 shows the
available microphone bias programmable options.

Table 8-12. MICBIAS Programmable Settings

P0_R59_D[6:4] : MBIAS_VAL[2:0] P0_R59_D[1:0] : ADC_FSCALE[1:0] MICBIAS OUTPUT VOLTAGE
00 (default) 2.75V (same as the VREF output)
000 (default) 01 2.5V (same as the VREF output)
10 1.375 V (same as the VREF output)
00 (default) 3.014 V (1.096 times the VREF output)
001 01 2.740 V (1.096 times the VREF output)
10 1.507 V (1.096 times the VREF output)
010 to 101 XX Reserved (do not use these settings)
110 XX Same as AVDD
111 XX Reserved (do not use this setting)
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The microphone bias output can be powered on or powered off (default) by configuring the MICBIAS_PDZ
(PO_R117_D7) register bit. Additionally, the device provides an option to configure the GPIO1 or GPIx pin to
directly control the microphone bias output powering on or off. This feature is useful to control the microphone
directly without engaging the host for 12C communication. The MICBIAS_PDZ (PO_R117_D?7) register bit value is
ignored if the GP1O1 or GPIx pin is configured to set the microphone bias on or off.

8.3.6 Signal-Chain Processing

The TLV320ADC6120 signal chain is comprised of very-low-noise, high-performance, and low-power analog
blocks and highly flexible and programmable digital processing blocks. The high performance and flexibility
combined with a compact package makes the TLV320ADC6120 optimized for a variety of end-equipments
and applications that require multichannel audio capture. Figure 8-16 shows a conceptual block diagram that
highlights the various building blocks used in the signal chain, and how the blocks interact in the signal chain.

PDMCLK PDM
PDMIN Interface
Digital Microphone
INP Phase Decimation
Calibration Filters
INM PGA ADC
] - ] . Output
HPE Gain Digital Biquad Digital Volume Channel
Calibration Summer/Mixer Filters Control (DVC) Data to ASI

Other Input Channels Processed Data
after Gain Calibration

Figure 8-16. Signal-Chain Processing Flowchart

The front-end PGA is very low noise, with a 120-dB dynamic range performance. Along with a low-noise
and low-distortion, multibit, delta-sigma ADC, the front-end PGA enables the TLV320ADC6120 to record a
far-field audio signal with very high fidelity, both in quiet and loud environments. Moreover, the ADC architecture
has inherent antialias filtering with a high rejection of out-of-band frequency noise around multiple modulator
frequency components. Therefore, the device prevents noise from aliasing into the audio band during ADC
sampling. Further on in the signal chain, an integrated, high-performance multistage digital decimation filter
sharply cuts off any out-of-band frequency noise with high stop-band attenuation.

The device also has an integrated programmable biquad filter that allows for custom low-pass, high-pass, or
any other desired frequency shaping. Thus, the overall signal chain architecture removes the requirement to
add external components for antialiasing low-pass filtering, and thus saves drastically on the external system
component cost and board space. See the TLV320ADCx140 Integrated Analog Anti-Aliasing Filter and Flexible
Digital Filter application report for further details.

The signal chain also consists of various highly programmable digital processing blocks such as phase
calibration, gain calibration, high-pass filter, digital summer or mixer, biquad filters, and volume control. The
details on these processing blocks are discussed further in this section. The device also supports up to four
digital PDM microphone recording channels when the analog record channels are not used. Channels 1 to 2 in
the signal chain block diagram of Figure 8-16 are as described in this section, however, channels 3 to 4 only
support the digital microphone recording option and do not support the digital summer or mixer option.

The desired input channels for recording can be enabled or disabled by using the IN_CH_EN (P0O_R115)
register, and the output channels for the audio serial interface can be enabled or disabled by using the
ASI_OUT_EN (PO_R116) register. In general, the device supports simultaneous power-up and power-down of all
active channels for simultaneous recording. However, based on the application needs, if some channels must
be powered-up or powered-down dynamically when the other channel recording is on, then that use case is
supported by setting the DYN_CH_PUPD_EN (PO_R117_D4) register bit to 1'b1.
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The device supports an input signal bandwidth up to 80 kHz, which allows the high-frequency non-audio signal
to be recorded by using a 176.4-kHz (or higher) sample rate.

For output sample rates of 48 kHz or lower, the device supports all features for 4-channel recording and various
programmable processing blocks. However, for output sample rates higher than 48 kHz, there are limitations in
the number of simultaneous channel recordings supported and the number of biquad filters and such. See the
TLV320ADCx140 Sampling Rates and Programmable Processing Blocks Supported application report for further
details.

8.3.6.1 Programmable Channel Gain and Digital Volume Control

The device has an independent programmable channel gain setting for each input channel that can be set to the
appropriate value based on the maximum input signal expected in the system and the ADC VREF setting used
(see the Reference Voltage section), which determines the ADC full-scale signal level.

Configure the desired channel gain setting before powering up the ADC channel and do not change this setting
when the ADC is powered on. The programmable range supported for each channel gain is from 0 dB to 42
dB in steps of 0.5 dB. To achieve low-noise performance, the device internal logic first maximizes the gain for
the front-end, low-noise analog PGA, which supports a dynamic range of 120 dB, and then applies any residual
programmed channel gain in the digital processing block.

Table 8-13 shows the programmable options available for the channel gain.

Table 8-13. Channel Gain Programmable Settings

P0_R61_D[7:1] : CH1_GAIN[6:0] CHANNEL GAIN SETTING FOR INPUT CHANNEL 1
000 0000 = 0d (default) Input channel 1 gain is set to 0 dB
000 0001 = 1d Input channel 1 gain is set to 0.5 dB
000 0010 = 2d Input channel 1 gain is setto 1 dB
101 0011 = 83d Input channel 1 gain is set to 41.5 dB
101 0100 = 84d Input channel 1 gain is set to 42 dB
101 0101 to 111 1111 = 85d to 127d Reserved (do not use these settings)

Similarly, the channel gain setting for input channel 2 can be configured using the CH2_GAIN (PO_R66_D[7:1])
register bits. The channel gain feature is not available for the digital microphone record path.

The device also supports gain change when the ADC is enabled. The device supports multiple configurations
to limit the audible artifacts during dynamic gain change. This feature can be configured by using the
OTF_GAIN_CHANGE_CFG (P0_R113_D[7:6]) register bits.

The device also has a programmable digital volume control with a range from —100 dB to +27 dB in steps
of 0.5 dB with the option to mute the channel recording. The digital volume control value can be changed
dynamically when the ADC channel is powered up and recording. During volume control changes, the soft
ramp-up or ramp-down volume feature is used internally to avoid any audible artifacts. Soft-stepping can be
entirely disabled using the DISABLE_SOFT_STEP (P0_R108_D4) register bit.

The digital volume control setting is independently available for each output channel, including the digital
microphone record channel. However, the device also supports an option to gang-up the volume control setting
for all channels together using the channel 1 digital volume control setting, regardless if channel 1 is powered up
or powered down. This gang-up can be enabled using the DVOL_GANG (P0_R108 D7) register bit.
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Table 8-14 shows the programmable options available for the digital volume control.
Table 8-14. Digital Volume Control (DVC) Programmable Settings

P0_R62_D[7:0] : CH1_DVOL[7:0] DVC SETTING FOR OUTPUT CHANNEL 1
0000 0000 =0d Output channel 1 DVC is set to mute
0000 0001 =1d Output channel 1 DVC is set to —100 dB
0000 0010 =2d Output channel 1 DVC is set to —99.5 dB
0000 0011 = 3d Output channel 1 DVC is set to —99 dB

1100 1000 = 200d Output channel 1 DVC is set to —0.5 dB
1100 1001 = 201d (default) Output channel 1 DVC is set to 0 dB
1100 1010 = 202d Qutput channel 1 DVC is set to 0.5 dB
1111 1101 = 253d Output channel 1 DVC is set to 26 dB
1111 1110 = 254d Output channel 1 DVC is set to 26.5 dB
1111 1111 = 255d Output channel 1 DVC is set to 27 dB

Similarly, the digital volume control setting for output channel 2 to channel 4 can be configured using the
CH2_DVOL (P0_R67) to CH4_DVOL (P0_R77) register bits, respectively.

The internal digital processing engine soft ramps up the volume from a muted level to the programmed volume
level when the channel is powered up, and the internal digital processing engine soft ramps down the volume
from a programmed volume to mute when the channel is powered down. This soft-stepping of volume is done to
prevent abruptly powering up and powering down the record channel. This feature can also be entirely disabled
using the DISABLE_SOFT_STEP (P0_R108_D4) register bit.

8.3.6.2 Programmable Channel Gain Calibration

Along with the programmable channel gain and digital volume, this device also provides programmable channel
gain calibration. The gain of each channel can be finely calibrated or adjusted in steps of 0.1 dB for a range
of —0.8-dB to 0.7-dB gain error. This adjustment is useful when trying to match the gain across channels
resulting from external components and microphone sensitivity. This feature, in combination with the regular
digital volume control, allows the gains across all channels to be matched for a wide gain error range with a
resolution of 0.1 dB. Table 8-15 shows the programmable options available for the channel gain calibration.

Table 8-15. Channel Gain Calibration Programmable Settings

P0_R63_D[7:4] : CH1_GCAL[3:0] CHANNEL GAIN CALIBRATION SETTING FOR INPUT CHANNEL 1
0000 = 0d Input channel 1 gain calibration is set to —0.8 dB
0001 =1d Input channel 1 gain calibration is set to —0.7 dB
1000 = 8d (default) Input channel 1 gain calibration is set to 0 dB
1110 = 14d Input channel 1 gain calibration is set to 0.6 dB
1111 = 15d Input channel 1 gain calibration is set to 0.7 dB

Similarly, the channel gain calibration setting for input channel 2 to channel 4 can be configured using the
CH2_GCAL (PO_R68) to CH4_GCAL (P0_R78) register bits, respectively.
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8.3.6.3 Programmable Channel Phase Calibration

In addition to the gain calibration, the phase delay in each channel can be finely calibrated or adjusted in steps
of one modulator clock cycle for a cycle range of 0 to 255 for the phase error of the analog microphone. The
modulator clock, which is the same clock used for ADC_MOD_CLK, is 6.144 MHz (the output data sample rate
is multiples or submultiples of 48 kHz) or 5.6448 MHz (the output data sample rate is multiples or submultiples
of 44.1 kHz). For the digital microphone interface, the phase calibration clock is dependent on the PDM clock
used. For a PDM_CLK of 6.144 MHz (the output data sample rate is multiples or submultiples of 48 kHz) or
5.6448 MHz (the output data sample rate is multiples or submultiples of 44.1 kHz), the phase calibration clock
is the same as PDM_CLK. For a PDM_CLK equal to or lower than 3.072 MHz (the output data sample rate is
multiples or submultiples of 48 kHz), the phase calibration clock used is 3.072 MHz. Similarly, fora PDM_CLK of
2.8224 MHz, 1.4112 MHz, or 705.6 kHz (the output data sample rate is multiples or submultiples of 44.1 kHz),
and the phase calibration clock used is 2.8224 MHz. This feature is very useful for applications that must match
the phase with fine resolution between each channel, including any phase mismatch across channels resulting
from external components or microphones. Table 8-16 shows the available programmable options for channel
phase calibration for the analog or digital microphone with a PDM_CLK of 6.144 MHz or 5.6448 MHz.

Table 8-16. Channel Phase Calibration Programmable Settings
P0_R64_D[7:0] : CH1_PCAL[7:0] CHANNEL PHASE CALIBRATION SETTING FOR INPUT CHANNEL 1

0000 0000 = 0d (default) Input channel 1 phase calibration with no delay
0000 0001 = 1d
0000 0010 = 2d

Input channel 1 phase calibration delay is set to one cycle of the modulator clock

Input channel 1 phase calibration delay is set to two cycles of the modulator clock

1111 1110 = 254d
1111 1111 = 255d

Input channel 1 phase calibration delay is set to 254 cycles of the modulator clock

Input channel 1 phase calibration delay is set to 255 cycles of the modulator clock

For a digital microphone interface with a PDM_CLK frequency below 3.072 MHz, the phase calibration range
is from 0 to 127 of the phase calibration clock (3.072 MHz for the output data sample rate is multiples or
submultiples of 48 kHz and 2.8224 MHz for the output data sample rate is multiples or submultiples of 44.1 kHz).
This range can be configured using CH1_PCAL][7:1] for channel 1.

Similarly, the channel phase calibration setting for input channel 2 to channel 4 can be configured using the
CH2_PCAL (P0O_R69) to CH4_PCAL (P0_R79) register bits, respectively.

The phase calibration feature must not be used when the analog input and PDM input are used together for
simultaneous conversion.

8.3.6.4 Programmable Digital High-Pass Filter

To remove the DC offset component and attenuate the undesired low-frequency noise content in the record data,
the device supports a programmable high-pass filter (HPF). The HPF is not a channel-independent filter setting
but is globally applicable for all ADC channels. This HPF is constructed using the first-order infinite impulse
response (IIR) filter, and is efficient enough to filter out possible DC components of the signal. Table 8-17 shows
the predefined —3-dB cutoff frequencies available that can be set by using the HPF_SEL[1:0] register bits of
PO _R107. Additionally, to achieve a custom —3-dB cutoff frequency for a specific application, the device also
allows the first-order IIR filter coefficients to be programmed when the HPF_SEL[1:0] register bits are set to
2'b00. Figure 8-17 shows a frequency response plot for the HPF filter.

Table 8-17. HPF Programmable Settings

P0_R107_DJ[1:0] : -3-dB CUTOFF FREQUENCY -3-dB CUTOFF FREQUENCY AT -3-dB CUTOFF FREQUENCY AT
HPF_SEL[1:0] SETTING 16-kHz SAMPLE RATE 48-kHz SAMPLE RATE
00 Programmable 1st-order IIR filter Programmable 1st-order IIR filter Programmable 1st-order IIR filter
01 (default) 0.00025 x fg 4 Hz 12 Hz
10 0.002 x fg 32 Hz 96 Hz
11 0.008 x fg 128 Hz 384 Hz
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Figure 8-17. HPF Filter Frequency Response Plot

Equation 1 gives the transfer function for the first-order programmable IIR filter:

NO + le_l

H@) = 5 p 1

The frequency response for this first-order programmable IIR filter with default coefficients is flat at a gain of
0 dB (all-pass filter). The host device can override the frequency response by programming the IIR coefficients
in Table 8-18 to achieve the desired frequency response for high-pass filtering or any other desired filtering. If
HPF_SEL[1:0] are set to 2'b00, the host device must write these coefficients values for the desired frequency
response before powering-up any ADC channel for recording. Table 8-18 shows the filter coefficients for the

first-order IIR filter.

Table 8-18. 1st-Order IIR Filter Coefficients

(1

FILTER COEFFICIENT REGISTER
FILTER COEFFICIENT DEFAULT COEFFICIENT VALUE MAPPING
No 0x7FFFFFFF P4_R72-R75
Programmable 1st-order IIR filter (can be
allocated to HPF or any other desired filter) N+ 0x00000000 P4_R76-R79
D4 0x00000000 P4_R80-R83
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8.3.6.5 Programmable Digital Biquad Filters

The device supports up to 12 programmable digital biquad filters. These highly efficient filters achieve the
desired frequency response. In digital signal processing, a digital biquad filter is a second-order, recursive linear
filter with two poles and two zeros. Equation 2 gives the transfer function of each biquad filter:

231 — 2D12_1 — DzZ_2 2)

The frequency response for the biquad filter section with default coefficients is flat at a gain of 0 dB (all-pass
filter). The host device can override the frequency response by programming the biquad coefficients to achieve
the desired frequency response for a low-pass, high-pass, or any other desired frequency shaping. The
programmable coefficients for the mixer operation are located in the Programmable Coefficient Registers: Page
2 and Programmable Coefficient Registers: Page 3 sections. If biquad filtering is required, then the host device
must write these coefficients values before powering up any ADC channels for recording. As described in Table
8-19, these biquad filters can be allocated for each output channel based on the BIQUAD_CFGI[1:0] register
setting of PO_R108. By setting BIQUAD_CFG[1:0] to 2'b00, the biquad filtering for all record channels is disabled
and the host device can choose this setting if no additional filtering is required for the system application. See
the TLV320ADCx140 Programmable Biquad Filter Configuration and Applications application report for further
details.

Table 8-19. Biquad Filter Allocation to the Record Output Channel
RECORD OUTPUT CHANNEL ALLOCATION USING P0_R108_D[6:5] REGISTER SETTING

PROGRAMMABLE
BIQUAD FILTER

BIQUAD_CFG[1:0] = 2'b01
(1 Biquad per Channel)

BIQUAD_CFG[1:0] = 2'b10 (Default)
(2 Biquads per Channel)

BIQUAD_CFGJ[1:0] = 2'b11
(3 Biquads per Channel)

Biquad filter 1

Allocated to output channel 1

Allocated to output channel 1

Allocated to output channel 1

Biquad filter 2

Allocated to output channel 2

Allocated to output channel 2

Allocated to output channel 2

Biquad filter 3

Allocated to output channel 3

Allocated to output channel 3

Allocated to output channel 3

Biquad filter 4

Allocated to output channel 4

Allocated to output channel 4

Allocated to output channel 4

Biquad filter 5 Not used Allocated to output channel 1 Allocated to output channel 1
Biquad filter 6 Not used Allocated to output channel 2 Allocated to output channel 2
Biquad filter 7 Not used Allocated to output channel 3 Allocated to output channel 3
Biquad filter 8 Not used Allocated to output channel 4 Allocated to output channel 4
Biquad filter 9 Not used Not used Allocated to output channel 1
Biquad filter 10 Not used Not used Allocated to output channel 2
Biquad filter 11 Not used Not used Allocated to output channel 3
Biquad filter 12 Not used Not used Allocated to output channel 4

Table 8-20 shows the biquad filter coefficients mapping to the register space.

Table 8-20. Biquad Filter Coefficients Register Mapping

PROGRAMMABLE BIQUAD

BIQUAD FILTER COEFFICIENTS

PROGRAMMABLE BIQUAD

BIQUAD FILTER COEFFICIENTS

FILTER REGISTER MAPPING FILTER REGISTER MAPPING
Biquad filter 1 P2_R8-R27 Biquad filter 7 P3_R8-R27
Biquad filter 2 P2_R28-R47 Biquad filter 8 P3_R28-R47
Biquad filter 3 P2_R48-R67 Biquad filter 9 P3_R48-R67
Biquad filter 4 P2_R68-R87 Biquad filter 10 P3_R68-R87
Biquad filter 5 P2_R88-R107 Biquad filter 11 P3_R88-R107

Biquad filter 6 P2_R108-R127 Biquad filter 12 P3_R108-R127
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8.3.6.6 Programmable Channel Summer and Digital Mixer

For applications that require an even higher SNR than that supported for each channel, the device digital
summing mode can be used. In this mode, the digital record data are summed up across the channel with an
equal weightage factor, which helps in reducing the effective record noise. Table 8-21 lists the configuration
settings available for channel summing mode.

Table 8-21. Channel Summing Mode Programmable Settings

SNR AND DYNAMIC RANGE
P0_R107_D[3:2] : CH_SUM[1:0] CHANNEL SUMMING MODE FOR INPUT CHANNELS BOOST
00 (default) Channel summing mode is disabled Not applicable
01 Output channel 1 = (input channel 1 + input channel 2) / 2 Around 3-dB bqost in SNR and
Output channel 2 = (input channel 1 + input channel 2) / 2 dynamic range
10 Reserved (do not use this setting) Not applicable
11 Reserved (do not use this setting) Not applicable

The device additionally supports a fully programmable mixer feature that can mix the various input channels
with their custom programmable scale factor to generate the final output channels. The programmable mixer
feature is available only if CH_SUMI[1:0] is set to 2'b00. The mixer function is supported for all input channels.
Figure 8-18 shows a block diagram that describes the mixer 1 operation to generate output channel 1. The
programmable coefficients for the mixer operation are located in the Programmable Coefficient Registers: Page
4 section.

Attenuated by
MIX1_CH1
factor

Input Channel-1
Processed Data

Output Channel-1
Routed to Bi-Quad

Filter
Input Channel-2 Attenuated by
MIX1_CH2
Processed Data
factor
Figure 8-18. Programmable Digital Mixer Block Diagram

A similar mixer operation is performed by mixer 2 to generate output channel 2.
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8.3.6.7 Configurable Digital Decimation Filters

The device record channel includes a high dynamic range, built-in digital decimation filter to process the
oversampled data from the multibit delta-sigma (AZ) modulator to generate digital data at the same Nyquist
sampling rate as the FSYNC rate. As illustrated in Figure 8-16, this decimation filter can also be used for
processing the oversampled PDM stream from the digital microphone. The decimation filter can be chosen
from three different types, depending on the required frequency response, group delay, and phase linearity
requirements for the target application. The selection of the decimation filter option can be done by configuring
the DECI_FILT (PO_R107_D[5:4]) register bits. Table 8-22 shows the configuration register setting for the
decimation filter mode selection for the record channel.

Table 8-22. Decimation Filter Mode Selection for the Record Channel

P0_R107_D[5:4] : DECI_FILT[1:0] DECIMATION FILTER MODE SELECTION
00 (default) Linear phase filters are used for the decimation
01 Low latency filters are used for the decimation
10 Ultra-low latency filters are used for the decimation
11 Reserved (do not use this setting)

8.3.6.7.1 Linear Phase Filters

The linear phase decimation filters are the default filters set by the device and can be used for all applications
that require a perfect linear phase with zero-phase deviation within the pass-band specification of the filter.
The filter performance specifications and various plots for all supported output sampling rates are listed in this
section.

8.3.6.7.1.1 Sampling Rate: 7.35 kHz to 8 kHz

Figure 8-19 and Figure 8-20 respectively show the magnitude response and the pass-band ripple for a
decimation filter with a sampling rate of 7.35 kHz to 8 kHz. Table 8-23 lists the specifications for a decimation
filter with a 7.35-kHz to 8-kHz sampling rate.
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Figure 8-19. Linear Phase Decimation Filter Figure 8-20. Linear Phase Decimation Filter Pass-
Magnitude Response Band Ripple
Table 8-23. Linear Phase Decimation Filter Specifications
PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
Pass-band ripple Frequency range is 0 to 0.454 x fg -0.05 0.05 dB
. Frequency range is 0.58 x fg to 4 x fg 72.7
Stop-band attenuation - dB
Frequency range is 4 x f5 onwards 81.2
Group delay or latency | Frequency range is 0 to 0.454 x fg 17.1 1/fs
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8.3.6.7.1.2 Sampling Rate: 14.7 kHz to 16 kHz

Figure 8-21 and Figure 8-22 respectively show the magnitude response and the pass-band ripple for a
decimation filter with a sampling rate of 14.7 kHz to16 kHz. Table 8-24 lists the specifications for a decimation

filter with a 14.7 kHz to 16-kHz sampling rate.
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Figure 8-21. Linear Phase Decimation Filter
Magnitude Response

0.5
0.4
0.3
0.2
0.1
0
-0.1
-0.2
-0.3
-0.4
-0.5

Magnitude (dB)

0 005 01 015 02 025 03 035 04 045 05
Normalized Frequency (1/fs)

Figure 8-22. Linear Phase Decimation Filter Pass-
Band Ripple

Table 8-24. Linear Phase Decimation Filter Specifications

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
Pass-band ripple Frequency range is 0 to 0.454 x fg -0.05 0.05 dB
Frequency range is 0.58 x fg to 4 x fg 73.3
Stop-band attenuation - dB
Frequency range is 4 x f5 onwards 95.0
Group delay or latency Frequency range is 0 to 0.454 x fg 15.7 1/fs

8.3.6.7.1.3 Sampling Rate: 22.05 kHz to 24 kHz

Figure 8-23 and Figure 8-24 respectively show the magnitude response and the pass-band ripple for a
decimation filter with a sampling rate of 22.05 kHz to 24 kHz. Table 8-25 lists the specifications for a decimation

filter with a 22.05-kHz to 24-kHz sampling rate.
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Figure 8-23. Linear Phase Decimation Filter
Magnitude Response
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Figure 8-24. Linear Phase Decimation Filter Pass-
Band Ripple

Table 8-25. Linear Phase Decimation Filter Specifications

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
Pass-band ripple Frequency range is 0 to 0.454 x fg -0.05 0.05 dB
. Frequency range is 0.58 x fg to 4 x fg 73.0
Stop-band attenuation - dB
Frequency range is 4 x f5 onwards 96.4
Group delay or latency Frequency range is 0 to 0.454 x fg 16.6 1/fs
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