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N AXI/

16-Bit Mono Audio Voice Codec

General Description

The MAX9860 is a low-power, voiceband, mono audio
codec designed to provide a complete audio solution
for wireless voice headsets and other mono voice audio
devices. Using an on-chip bridge-tied load mono head-
phone amplifier, the MAX9860 can output 30mW into a
32Q earpiece while operating from a single 1.8V power
supply. Very low power consumption makes it an ideal
choice for battery-powered applications.

The MAX9860’s flexible clocking circuitry utilizes com-
mon system clock frequencies ranging from 10MHz to
B60MHz, eliminating the need for an external PLL and
multiple crystal oscillators. Both the ADC and DAC sup-
port sample rates of 8kHz to 48kHz in either synchro-
nous or asynchronous operation. Both master and slave
timing modes are supported.

Two differential microphone inputs are available with a
user-programmable preamplifier and programmable
gain amplifier. Automatic gain control with selectable
attack/release times and signal threshold allows maxi-
mum dynamic range. A noise gate with selectable
threshold provides a means to quiet the channel when
no signal is present. Both the DAC and ADC digital filters
provide full attenuation for out-of-band signals as well as
a 5th order GSM-compliant digital highpass filter. A digi-
tal side tone mixer provides loopback of the micro-
phones/ADC signal to the DAC/headphone output.

Serial DAC and ADC data is transferred over a flexible
digital 12S-compatible interface that also supports TDM
mode. Mode settings, volume control, and shutdown are
programmed through a 2-wire, 12C-compatible interface.
The MAX9860 is fully specified over the -40°C to +85°C
extended temperature range and is available in a low-
profile, 4mm x 4mm, 24-pin thin QFN package.

Applications

Audio Headsets

Portable Navigation Device
Mobile Phones

Smart Phones

VolP Phones

Audio Accessories

Pin Configuration and Typical Operating Circuit appear at
end of data sheet.

MAXIM

Features

L 4

1.8V Single-Supply Operation

4 Digital Highpass Elliptical Filters with Notch for
217Hz (GSM)

4 Mono 30mW BTL Headphone Amplifier
4 Dual Low-Noise Microphone Inputs

4 Automatic Microphone Gain Control and Noise
Gate

+ 90dB DAC DR (fs = 48kHz)
¢+ 81dB ADC DR (fs = 48kHz)

Supports Master Clock Frequencies from 10MHz
to 60MHz

Supports Sample Rates from 8kHz to 48kHz

L 2

Flexible Digital Audio Interface
Clickless/Popless Operation
2-Wire, I2C-Compatible Control Interface

Available in 24-Pin, Thin QFN, 4mm x 4mm x
0.8mm Package

* & & o o

Ordering Information

PART TEMP RANGE PIN-PACKAGE

MAX9860ETG+ -40°C to +85°C 24 TQFN-EP*

+Denotes a lead-free/RoHS-compliant package.
*EP = Exposed pad.

Simplified Block Diagram

DVDDIO AVDD AND DVDD
1.7vVT10 3.6V 1.7VT0 1.9V

MAXIm >
i2c MAX9860

INTERFACE

DIGITAL DIGITAL
D|G|TALAUD|0<I‘:J\ AUDIO | FILTERING

INPUT/OUTPUT NI TV | INTERFACE AND
MIXERS

CLOCK |
CONTROL

T

Maxim Integrated Products 1

For pricing, delivery, and ordering information, please contact Maxim Direct at 1-888-629-4642,

or visit Maxim’s website at www.maxim-ic.com.
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MAX9860

16-Bit Mono Audio Voice Codec

ABSOLUTE MAXIMUM RATINGS

(Voltages referenced to AGND.)
DVDDIO, SDA, SCL, IRQ....cooiiiiiiiiiiiiiici -0.3V to +3.6V
AVDD, DVDD........cccooven. -0.3Vto +2V
AGND, DGND, MICGND .......cooviiiiiiiiiicccice, -0.3V to +0.3V
OUTP, OUTN, PREG, REF, MICBIAS ......-0.3V to (AVDD + 0.3V)
MICLP, MICLN, MICRP, MICRN, REG ....-0.3V to (PREG + 0.3V)
MCLK, LRCLK, BCLK,

SDOUT, SDIN....ooooiiiiiieiiecie, -0.3V to (DVDDIO + 0.3V)
Continuous Power Dissipation (Ta = +70°C)

24-Pin TQFN (derate 27.8mW/°C above +70°C,

multilayer board) ..........ccccoovviiiiiii 2222mW

Junction-to-Ambient Thermal Resistance (6ya) (Note 1)
24-Pin TQFN (derate 27.8mW/°C above +70°C,

multilayer board) ..........cccoiiiiiiiiii 36°C/W
Operating Temperature Range ...........cccc.coeevven. -40°C to +85°C
Storage Temperature Range ............cccoeveeennn. -65°C to +150°C
Lead Temperature (soldering, 10S) .......ccoocvvvviiiiiiiinenn. +300°C

Stresses beyond those listed under “Absolute Maximum Ratings” may cause permanent damage to the device. These are stress ratings only, and functional
operation of the device at these or any other conditions beyond those indicated in the operational sections of the specifications is not implied. Exposure to
absolute maximum rating conditions for extended periods may affect device reliability.

Note 1: Package thermal resistances were obtained using the method described in JEDEC specification JESD51-7, using a four-layer
board. For detailed information on package thermal considerations, refer to www.maxim-ic.com/thermal-tutorial.

ELECTRICAL CHARACTERISTICS

(VavbDp = VpvpD = Vpvpplo = +1.8V, Rl = «, headphone load (RL) connected between OUTP and OUTN, CreF = 2.2uF, CMICBIAS =
CpPREG = CREG = 1uF, AvprE = +20dB, AymicpGga = 0dB, MCLK = 18MHz, LRCLK = 8kHz, Ta = TmIN to Tmax, unless otherwise noted.

Typical values are at Ta = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
AVDD (inferred from HP output PSRR) 1.7 1.8 1.9
Supply Voltage Range DVDD (inferred from codec performance 17 18 19 v
tests)
DVDDIO 1.7 1.8 36
DAC playback mode AVDD 1.46 2.2
(48kHz) DVDD 1.05 1.6
Full operation AVDD 4.08 5.7
Total Supply Current 8kHz mono ADC + DAC | DVDD 0.78 1.0
|AVDD+DVDD : mA
(Note 3) Full operation AVDD 6.17 9.0
8kHz stereo ADC + DAC | DVDD 0.8 1.2
AVDD 5.38 8.0
Stereo ADC only (48kHz)
DVDD 1.68 2.2
AVDD 0.56 5
Shutdown Supply Current ISHDN Ta = +25°C DVDD + 165 5 HA
DVDDIO ’
Shutdown to Full Operation 10 ms
DAC (Note 4)
Gain Error +1 +5 %
+0dB volume setting, fs = 8kHz,
Dynamic Range (Note 5) DR measured at headphone output, 84 90 dB
Ta = +25°C
DAC Full-Scale Output 1 VRMS
f = 1kHz, 0dBFS, HP fg = 8kHz 1.2
DAC Path Phase Delay filter disabled, digital ms
input to analog output fs = 16kHz 0.59
. . . f = 1kHz, MCLK = 12.288MHz,
Total Harmonic Distortion + Noise THD+N LRCLK = 48kHz 87 dB
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16-Bit Mono Audio Voice Codec

ELECTRICAL CHARACTERISTICS (continued)

(VavDD = VpvpD = Vpvoplo = +1.8V, Rl = «, headphone load (RL) connected between OUTP and OUTN, Crer = 2.2uF, CMICBIAS =
CpPREG = CREG = 1UF, AvpRE = +20dB, AymicPGA = 0dB, MCLK = 13MHz, LRCLK = 8kHz, Ta = TmIN to TmAx, unless otherwise noted.
Typical values are at Ta = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
f = 1kHz, VRIPPLE = 100mVp_p, 94
AvpGA = 0dB
Power-Supply Rejection Ratio PSRR dB
f = 10kHz, VRIpPLE = 100mVp-p, 71
AvpPGA = 0dB
DAC LOWPASS DIGITAL FILTER
With respect to fs within ripple; fs = 8kHz 0.448 x
Hz
Passband Cutoff fPLp to 48kHz fg
-3dB cutoff 0.451 fs
Passband Ripple f <fpLp +0.1 dB
. 0.476 x
Stopband Cutoff fsLp With respect to fg; fg = 8kHz to 48kHz fs Hz
Stopband Attenuation f>fg p, f = 20Hz to 20kHz 75 dB
DAC HIGHPASS DIGITAL FILTER
DVFLT = 0x1 0.0161
(elliptical for 16kHz GSM) x fs
DVFLT = 0x2 0.0312
(500Hz Butterworth for 16kHz) x fg
5th Order Passband Cutoff DVELT = 0x3 0.0321
(-3dB from Peak, 12C Register fDHPPB (elliptical for 8kHz GSM) o f Hz
Programmable) (Note 6) P S
DVFLT = Ox4 0.0625
(500Hz Butterworth for 8kHz) x fg
DVFLT = 0x5 0.0042
(200Hz Butterworth for 48kHz) x fs
DVFLT = 0x1 0.0139
(elliptical for 16kHz GSM) x fs
DVFLT = 0x2 0.0156
(500Hz Butterworth for 16kHz) x fg
5th Order Stopband Cutoff. DVELT = 0x3 0.0279
(-30dB from Peak, 12C Register fDHPSB (elliptical for 8kHz GSM) o Hz
Programmable) (Note 6) P S
DVFLT = Ox4 0.0312
(500Hz Butterworth for 8kHz) x fg
DVFLT = 0x5 0.0021
(200Hz Butterworth for 48kHz) x fg
DC Blocking DCatten DVFLT = 0x0 90 dB
ADC
Differential MIC Input, Aypre = 0dB,

- 1 Vp-
Full-Scale Input Voltage 0dBFS AvPGA = 0dB p-P
Channel Gain Mismatch +0.3 %
MNAXIW 3
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MAX9860

16-Bit Mono Audio Voice Codec

ELECTRICAL CHARACTERISTICS (continued)

(VavbD = VpvpD = Vpvoplo = +1.8V, Rl = «, headphone load (RL) connected between OUTP and OUTN, CreF = 2.2uF, CMICBIAS =
CpPReG = CReG = 1UF, AvpRE = +20dB, AymicpGA = 0dB, MCLK = 13MHz, LRCLK = 8kHz, Ta = TmIN to TmAx, unless otherwise noted.
Typical values are at Ta = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
fg = 8kHz, Aypre = 0dB, 81
Dynamic Range (Note 5) DR A-weighted from 20Hz to fs/2 dB
fg = 48kHz, Aypre = 0dB, Ta = +25°C 75 83
f = 1kHz, OdBFS, HP filter | fg = 8kHz 1.2
ADC Phase Delay disabled, analog input to ms
digital output fs = 16kHz 0.61
Total Harmonic Distortion THD f = 1kHz, fg = 48kHz, Ta = +25°C -70 -75 dB
f = 1kHz, VRIPPLE = 100mVp_p, 82
AvpGA = 0dB
Power-Supply Rejection Ratio PSRR dB
f = 10kHz, VRIPPLE = 100mVp-p, 76
AvpPGA = 0dB
Channel Crosstalk Driven channel at -1dBFS, f = 1kHz -92 dB
ADC LOWPASS DIGITAL FILTER
With respect to fg within ripple; 0.445 x Hy
Passband Cutoff feLp fs = 8kHz to 48kHz fg
-3dB cutoff 0.449 fs
Passband Ripple f<fpLp +0.1 dB
) 0.469 x
Stopband Cutoff fsLp With respect to fg; fg = 8kHz to 48kHz fs Hz
Stopband Attenuation f>fgLp 74 dB
ADC HIGHPASS DIGITAL FILTER
AVFLT = Ox1 (elliptical for 16kHz GSM) 0'3151
AVFLT = 0x2 (500Hz Butterworth for 0.0312
16kHz) x fg
5th Order Passband Cutoff 0.0321
(-3dB from Peak, 12C Register fAHPPB AVFLT = 0x3 (elliptical for 8kHz GSM) ' Hz
x fg
Programmable) (Note 6)
AVFLT = 0x4 0.0625
(500Hz Butterworth for 8kHz) x fg
AVFLT = 0x5 0.0042
(200Hz Butterworth for 48kHz) x fs
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16-Bit Mono Audio Voice Codec

ELECTRICAL CHARACTERISTICS (continued)

(VavbD = VpvpD = Vpvoplo = +1.8V, Rl = «, headphone load (RL) connected between OUTP and OUTN, CreF = 2.2uF, CMICBIAS =
CpPReG = CReG = 1UF, AvpRE = +20dB, AymicpGA = 0dB, MCLK = 13MHz, LRCLK = 8kHz, Ta = TmIN to TmAx, unless otherwise noted.
Typical values are at Ta = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
AVFLT = 0x1 0.0139
(elliptical for 16kHz GSM) x fs
AVFLT = 0x2 0.0156
(500Hz Butterworth for 16kHz) x fg
i?ogédfi;rit%g;imég LIJ:Eng];ister fAHPSB AVFLT = 0x3 0.0279 Hz
Programmable) (Note 6) (elliptical for 8kHz GSM) x fs
AVFLT = 0x4 0.0312
(500Hz Butterworth for 8kHz) x fg
AVFLT = 0x5 0.0021
(200Hz Butterworth for 48kHz) x fs
DC Blocking DCATTEN | AVFLT # 0x0 90 dB
CLOCKING
MCLK is not required to be synchronous
MCLK Input Frequency or related to the desired LRCLK data rate 10 60 MHz
MCLK Duty Cycle 40 50 60 %
Maximum MCLK Input Jitter For guaranteed performance limits 100 PSRMS
LRCLK Data Rate Frequency 8 48 kHz
LRCLK PLL Lock Time 12 25 ms
LRCLK Acceptable Jitter for
S +20 ns
Maintaining PLL Lock
MONO HEADPHONE AMPLIFIER
f = 1kHz, THD+N < 1% RL = 16Q 30 50
Output Power P ' mw
P OUT 114 = +25°C RL = 32Q 33
o ) ) RL = 32Q, Pout = 26mW, f = 1kHz 0.05
Total Harmonic Distortion + Noise THD+N %
RL = 16Q, Pout = 25mW, f = 1kHz 0.08
. +0dB volume setting, DAC input at
Dynamic Range (Note 5) DR f5 = 8kHz to 48KHz 90 dB
AVDD = 1.7V to 1.9V 60 84
Power-Supply Rejection Ratio PSRR VRIPPLE = 100mVp-p, f = 217Hz 86 dB
VRIPPLE = 100mVp-p, f = 20kHz 71
Output Offset Voltage Vos Voutp - VOUTN, Ta =+25°C +0.25 + 1 mV
» ) . ) - RL = 32Q 500
Capacitive Drive Capability No sustained oscillations pF
RL = 100
Click-and-Pop Level Peak.voltage into/out of shutdown, 32sps, 70 dBV
A-weighted

MAXIM 5
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MAX9860

16-Bit Mono Audio Voice Codec

ELECTRICAL CHARACTERISTICS (continued)

(VavDpD = VpvbD = Vpvpbio = +1.8V, RL = », headphone load (RL) connected between OUTP and OUTN, Cref = 2.2uF, CMICBIAS =
CpPREG = CReG = 1uF, Avpre = +20dB, AymicpgA = 0dB, MCLK = 13MHz, LRCLK = 8kHz, Ta = TmIN to Timax, unless otherwise noted.
Typical values are at Ta = +25°C.) (Note 2)

PARAMETER | SYMBOL | CONDITIONS MIN TYP MAX | UNITS
MICROPHONE AMPLIFIER

PAM = 00 Off
- ) . PAM = 01 -0.5 0 +0.5
Preamplifier Gain AVPRE Ta = +25°C PAM = 10 19 >0 o1 dB
PAM = 11 29 30 31
MIC PGA Gain AMICPGA oo = 01 4-0xTF 0 dB
PGAM = 0x00 +20
MIC PGA Gain Step Size 1 dB
Common-Mode Rejection Ratio CMRR VIN = 100mVp.p at 217Hz 50 dB
MIC Input Resistance RIN_MIC Q':gf,'@,\smeggﬁs’ measured at 30 50 kQ
MIC Input Bias Voltage 0.7 0.8 0.9 \
A =0dB, A =0dB,
Total Harmonic Distortion + Noise THD+N
AVPRE = +30dB, AvmicpGA = 0dB, 66 dB
VIN = 31mVp-p, f = 1kHz
o AVDD = 1.7V to 1.9V 60 95 dB
'%/';gopower'su"p'y Rejection PSRR | VRIPPLE = 100mV at 1kHz, input referred 82 dB
VRIPPLE = 100mV at 10kHz, input referred 76 dB
MICROPHONE BIAS
MICBIAS Output Voltage VMICBIAS | ILoAD = TmA, Ta = +25°C 15 1.55 1.6 V
Load Regulation ILoAD = TMmA to 2mA 0.2 10 mV
) . o VRIPPLE = 100mVp-p at 217Hz 82 dB
MICBIAS Line Ripple Rejection LRR VRIPPLE = 100mVp.p at 10kHz 81 4B
MICBIAS Noise Voltage A-weighted 9.5 UVRMS
AUTOMATIC GAIN CONTROL
AGC Hold Duration AGCHLDI[1:0] setting range, FREQ #0 50 400 ms
AGC Attack Time AGCATK[1:0] setting range, FREQ # 0 3 200 ms
AGC Release Time AGCRLS[2:0] setting range, FREQ # 0 0.078 10 S
AGC Threshold Level AGCSTH[3:0] setting range, FREQ # 0 -3 -18 dB
NOISE GATE
NG Attack and Release Time 0.5 s
NG Threshold Level -72 -16 dB
Noise Gate Threshold Step Size 4 dB
NG Attenuation 0 12 dB
DIGITAL SIDETONE
Sidetone Gain Adjust DVST 2dB steps -60 0 dB
MIC input to headphone 8kHz 29
Sidetone Phase Delay PDLY output, f = 1kHz, HP filter ms
disabled 16kHz 1.1
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16-Bit Mono Audio Voice Codec

DIGITAL AUDIO INTERFACE ELECTRICAL CHARACTERISTICS

(VpbvpD = Vpvppio = 1.8V, unless otherwise noted.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
BCLK Cycle Time tBCLKS Slave operation 75 ns
BCLK High Time tBCLKH | Slave operation 30 ns
BCLK Low Time tBCLKL Slave operation 30 ns
BlCLK or LRCLK Rise and Fall R 1 Master operation 2 ns
Time
SDIN or LRCLK to BCLK Rising tsU ABCI = DBCI = 0 o5 ns
Setup Time
SDIN or' LRCLK to BCLK Falling tsu ABCI = DBCI = 1 o5 ns
Setup Time
SDIN or LRCLK to BCLK Rising _ _
Hold Time tHD ABCI =DBCI =0 0 ns
SDIN qr LRCLK to BCLK Falling D ABCI = DBCI = 1 0 ns
Hold Time
SDQUT Delay Time from BCLK LY ABCI = DBCI = 0, C|_ = 30pF 0 40 ns
Rising Edge

I12C INTERFACE ELECTRICAL CHARACTERISTICS

(Vbvpb = Vbvpbio = 1.8V, unless otherwise noted.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
Serial-Clock Frequency fscL 0 400 kHz
Bus Free Time Between STOP i 13 S
and START Conditions BUF ' H
Hold Time (Repeated) START
Condition tHD.STA 0.6 us
SCL Pulse Width Low tLow 1.3 us
SCL Pulse Width High tHIGH 0.6 us
Setup Time for a Repeated
START Condition IsU.STA 0-6 bS
Data Hold Time tHD,DAT 0 900 ns
Data Setup Time tSU,DAT 100 ns
SDA and SCL Receiving R Cais in pF 20 +0.1Cg 300 ns
Rise Time
SDA and SCL Receiving .

Fall Time tF Cpisin pF 20 + 0.1Cp 300 ns

MAXIM 7
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MAX9860

16-Bit Mono Audio Voice Codec

I12C INTERFACE ELECTRICAL CHARACTERISTICS (continued)

(VpbvpD = Vpvppio = 1.8V, unless otherwise noted.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
ngTiTr;aensm'“'”g i Ceis in pF 20+0.1Cg 250 ns
Setup Time for STOP Condition tsSu,STO 0.6 us
Bus Capacitance Cs 400 pF
Pulse Width of Suppressed Spike tsp 0 50 ns
DIGITAL INPUTS (LRCLK, BCLK, SDIN, MCLK)

Input Voltage High VIH 0.7 \
x DVDDIO
Input Voltage Low ViL 0.3 \
x DVDDIO
MCLK Input Voltage High 1.4 \Y
MCLK Input Voltage Low 0.4 \
Input Leakage Current IIH, L Ta = +25°C -1 +1 HA
Input Capacitance 3 pF
DIGITAL INPUTS (SCL, SDA)
Input Voltage High VIH 07 V
x DVDD
Input Voltage Low ViL 03 V
x DVDD
Input Hysteresis 200 mV
Input Leakage Current IiH, L Ta = +25°C -1 +1 HA
Input Capacitance 3 pF
CMOS DIGITAL OUTPUTS (BCLK, LRCLK, SDOUT)
Output Low Voltage VoL loL = 3mA 0.4 \
Output High Voltage VOoH loL =3mA D\_/%alo Vv
OPEN-DRAIN DIGITAL OUTPUTS (SDA, IRQ)
Output High Leakage Current loH Vout = DVDDIO, Ta = +25°C -1 +1 HA
Output Low Voltage VoL loL = 3mA 0.4 Vv

Note 2: All devices are 100% production tested at room temperature. All temperature limits are guaranteed by design.

Note 3: Supply current measurements taken with no applied signal at microphone inputs. A digital zero audio signal used for all dig-
ital serial audio inputs. Headphone outputs are loaded as stated in the global conditions.

Note 4: DAC performance is measured at headphone outputs.

Note 5: ADC, DAC, and headphone amplifier dynamic ranges are measured using the EIAJ method. -60dBV 1kHz input signal, A-weight-
ed and normalized to OdBFS.

Note 6: Notch for GSM filters occurs at 217Hz.
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16-Bit Mono Audio Voice Codec

Typical Operating Characteristics

(VavpD = +1.8V, VpvypD = VpvpDIO = +1.8V, RL = «, headphone load (R[) connected between OUTP and OUTN, CRrer = 2.2uF,
CpPREG = CReG = 1uF, CmicBIAS = TuF Aymicpga = 0dB, Aypre = +20dB, MCLK = 13MHz, Ta = +25°C, unless otherwise noted.)

TOTAL HARMONIC DISTORTION + NOISE TOTAL HARMONIC DISTORTION + NOISE TOTAL HARMONIC DISTORTION + NOISE
vs. OUTPUT POWER (DAC TO HP) vs. OUTPUT POWER (DAC TO HP) vs. FREQUENCY (DAC TO HP)
0 g - 10 . 10 E |
E R =32Q E F RL=16Q ig F RL=32Q 12
1 1 1
g S [-35K S ki A 2
Z o Z 0 ‘ Z 0 Poyr =W L e
= v = i , =
\ f=1kHz \ =itz / -
- / A
0.01 | = 0.01 AT = 0.1 £ oo = 20
‘\/
20Ktz f = 20kHz A O WY
0.001 ‘ ‘ 0.001 ‘ 0.001
0 5 10 15 20 25 30 0 10 20 30 40 50 60 0.1 0.1 1 10
OUTPUT POWER (mW) OUTPUT POWER (m) FREQUENCY (kHz)
TOTAL HARMONIC DISTORTION + NOISE TOTAL HARMONIC DISTORTION + NOISE TOTAL HARMONIC DISTORTION + NOISE
vs. FREQUENCY (DAC TO HP) vs. FREQUENCY (MICL TO ADC) vs. FREQUENCY (MICL TO ADC)
10 g = 10 o 0 F ‘ Te
E RL=16Q E £ MICPRE = 0dB 1= E MICPRE = +20dB i
g [ Vin=1Vp-p g [ Vin=100mVp_p B
1 1
1
g Pout =5mW L g :\j
= o D el s = o z
= = = RS
ik 0.1
001 |—Eaeetfll Pour = 20mW 001
\
N
0.001 0.001 0.01
0.01 0.1 1 10 0.01 0.1 1 10 100 0.1 0.1 1 10 100
FREQUENCY (kHz) FREQUENCY (kHz) FREQUENCY (kHz)
TOTAL HARMONIC DISTORTION + NOISE HEADPHONE OUTPUT POWER POWER-SUPPLY REJECTION RATIO
vs. FREQUENCY (MICL TO ADC) vs. LOAD RESISTANCE vs. FREQUENCY (DAC TO HP)
0 p 5 60 g 0 e
E MICPRE = +300B : - -10 H
- Vin=31Vpp 323 50 f\ %2 -20 z
1 = I \ 30
e E 40 -40
5 & Z 50
3 : || s
Z o 2 3 g 60
= 2 = A
5 2 -80
o /[
001 / \ -90 d
0 H — -100 a
10
0.001 0 120
0.01 0.1 1 10 100 0 25 5 75 100 125 150 0.1 0.1 1 10 100
FREQUENCY (kHz) LOAD RESISTANCE (&) FREQUENCY (kHz)
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MAX9860

16-Bit Mono Audio Voice Codec

Typical Operating Characteristics (continued)

(VavpD = +1.8V, VpypD = VpvDDIO = +1.8V, RL = e, headphone load (RL) connected between OUTP and OUTN, CRrer = 2.2uF,
CpPREG = CReG = 1uF, CmicBIAS = TUF AymicPGA = 0dB, Aypre = +20dB, MCLK = 13MHz, Ta = +25°C, unless otherwise noted.)

PSRR (dB)
8

OUTPUT AMPLITUDE (dB)
=2

-100
-120
-140

o
o

A
S

&
S

OUTPUT AMPLITUDE (dB)
2

-100
-120
-140

10

POWER-SUPPLY REJECTION RATIO

vs. FREQUENCY (MIC TO ADC)

MAX9860 toc10

0.1 1 10 100
FREQUENCY (kHz)

0dBFS FFT (DAC TO HP)

1
MCLK = 13MHz

LRCLK =8kHz —
PLL ENABLED

MAX9860 toc13

5 10 15 20
FREQUENCY (kHz)

-60dBFS FFT (DAC TO HP AMP)

MCLK = 12.288MHz

LRCLK = 48kHz —
PLL DISABLED

MAX9860 toc16
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MCLK = 13MHZJ
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MAX9860 toc11
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FREQUENCY (kHz)

-60dBFS FFT (DAC TO HP)
MCLK‘= 13MHZ<|§
LRCLK = 8kHz %
PLL ENABLED s
u Wbty q
" =
0 5 10 15 20

FREQUENCY (kHz)

0dBFS FFT (MICL TO ADC)
MCLK‘: 13MHZJ§
LRCLK = 8kHz g
PLLDISABLED |3
kl....__ Y ’-""\
|
0 1 2 3 4
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MCLK = 13I\/IHZJ
LRCLK = 8kHz

MAX9860 toc12

PLL DISABLED
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FREQUENCY (kHz)

0dBFS FFT (DAC TO HP AMP)
MCLK = 12.288M§
LRCLK = 48kHz — 1|
PLLDISABLED |
|
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MOLK = 13MHZJ
LRCLK = BKHz
PLL DISABLED

MAX9860 toc18

FREQUENCY (kHz)
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16-Bit Mono Audio Voice Codec

Typical Operating Characteristics (continued)

(VavpD = +1.8V, VpypD = VpvDDIO = +1.8V, RL = o, headphone load (RL) connected between OUTP and OUTN, CRrer = 2.2uF,
CpPREG = CReG = 1uF, CmicBlAS = TUF AymicpGA = 0dB, Avpre = +20dB, MCLK = 13MHz, Ta = +25°C, unless otherwise noted.)

0dBFS FFT (MICL TO ADC)
20 I
MCLK = 13MHz
0 LRCLK = 8kHz —
PLL ENABLED

o
o

A
S

&
S

OUTPUT AMPLITUDE (dB)
s

Pnatlhly,

My, |A A

-100

-120 T |
-140
0 1 2 3 4
FREQUENCY (kHz)
-60dBFS FFT (MICL TO ADC)
20 T 8
MCLK = 12.288MHz |2
0 LRCLK = 48kHz — ;%
PLL DISABLED E
g 2
é -40
=
< 60
<<
=
2 -8
5
< -100
et A
-120
-140
0 5 10 15 20
FREQUENGY (kHz)
SUPPLY CURRENT
vs. SUPPLY VOLTAGE
45 g
40 | g
35 lavop =
E
= 30
=
< 25
3 FULL-DUPLEX 8kHz MODE
2 20
[
S 15
w
1.0
05 /
Iovop + Ipvopio
0 ‘ ‘
165 170 175 180 18 190 195

SUPPLY VOLTAGE (V)

MAXI

MAX9860 toc19

-60dBFS FFT (MICL TO ADC) 0dBFS FFT (MICL TO ADC)
20 - 20 ; -
MCLK = 13MHzJ§ MCLK = 12,288M§
0 LRCLK = 8kHz —{& 0 LRCLK = 48kHz —{&
PLLENABLED |2 PLLDISABLED |2
g g 2
=R S 4
= =
T 8 T 60
< <C
= =
= -80 = 80
= =
= =
S 400 < -100 1
“"‘"“.1 Mgt N AV
-120 -120
(.
-140 -140
0 1 2 3 4 0 5 10 15 20
FREQUENCY (kHz) FREQUENCY (kHz)
-5dBFS WIDEBAND FFT (DAC TO HP) -60dBFS WIDEBAND FFT (DAC TO HP)
20 ‘ 2 20 ‘ <
MCLK=13MHz |2 MCLK = 13MHz |2
LRCLK=8kHz |2 LRCLK=8KkHz  [&
0 PLL DISABLED —2 0 PLL DISABLED |2
s RL=32Q =) RL=320Q
w20 =20
2 2
£ 4 £ 4
<< <C
5 5
= -60 = -60
o o
a0 N l L a0 h L
80 g 80
-100 -100 h
0.1 1 10 100 1000 10,000 0.1 1 10 100 1000 10,000
FREQUENGY (kHz) FREQUENGY (kHz)
DAC DIGITAL FILTER ADC DIGITAL FILTER
FREQUENCY RESPONSE, 8kHz FREQUENCY RESPONSE, 8kHz
10 . 10 5
0 , .0 ;
7 10 I 7 10
I -0 I -0
S pr S Py
T -40 { T 40
= =
— -50 = 50
= =
= -60 = -60
o o
-70 -70
ELLIPTICAL FOR 8kHz GSM WITH ELLIPTICAL FOR 8kHz GSM WITH
80 I" NOTCH AT 217H: 80 | NOTCH AT 217Hz
_90 L LIl L LIl _90 L L1l L L1l
0.01 0.1 1 10 0.01 0.1 1 10
FREQUENCY (kHz) FREQUENCY (kHz)
11

0986 XVIN



MAX9860

16-Bit Mono Audio Voice Codec

Typical Operating Characteristics (continued)
(VavpD = +1.8V, VpypD = VpvDDIO = +1.8V, RL = e, headphone load (RL) connected between OUTP and OUTN, CRrer = 2.2uF,
CpPREG = CReG = 1uF, CmicBIAS = TuF Avmicpga = 0dB, Aypre = +20dB, MCLK = 13MHz, Ta = +25°C, unless otherwise noted.)
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16-Bit Mono Audio Voice Codec

Pin Description

PIN NAME FUNCTION
’ MICBIAS Microphone Bias. +1.55V microphone bias for internal and/or external microphone. An external resistor from
2.2kQ to 470Q should be used to set the microphone current. Bypass to MICGND with a 1uF capacitor.
2 REG Internal Bias. PREG/2 voltage reference. Bypass to AGND with a 1uF capacitor (+0.8V).
3 PREG Positive Internal Regulated Supply. Bypass to AGND with a 1uF capacitor (+1.6V).
4 REF Converter Reference (1.23V). Bypass to AGND with a 2.2uF capacitor.
5 AGND Analog Ground
6 AVDD Analog Power Supply. Bypass to AGND with 10uF and 0.1uF capacitors.
7 OouTP Positive Headphone Output
8 OUTN Negative Headphone Output
9 SDA 12C Serial-Data Input/Output
10 SCL |2C Serial-Data Clock
11 DvDDIO Digital Interface Power Supply. Supply for digital audio interface. Bypass to DGND with a 1uF capacitor.
12 DGND Digital Ground
13 DVDD Digital Core Power Supply. Bypass to DGND with a 1uF capacitor.
14 MCLK Master Clock Input
15 SDOUT Serial Audio Interface ADC Data Output
16 SDIN Serial Audio Interface DAC Data Input
17 LRCLK Serial Audio Interface Left/Right Clock
18 BCLK Serial Audio Interface Bit Clock
19 RQ Interrupt Request. IRQ is an active-low open drain output. Pull up to DVDDIO with a 10kQ resistor.
20 MICRN Negative Right I\/Iicrophong Input. AC—coupIe.to low-side of microphone or connect to negative signal.
AC-couple to ground for single-ended operation.
o1 MICRP Positive Right Milcrophonel Input. AC-couple tp high-side of microphone or connect to positive signal.
AC-couple the signal for single-ended operation.
2 MICLN Negative Left Microphonellnput. AC-couple tg low-side of microphone or connect to negative signal.
AC-couple to ground for single-ended operation.
o3 MICLP Positive Left Miclrophone Ihput. AC-couple to .high-side of microphone or connect to positive signal.
AC-couple the signal for single-ended operation.
24 MICGND MICBIAS Ground. Connect to AGND.
— EP Exposed Pad. Connect to AGND.

MAXIM
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MAX9860

16-Bit Mono Audio Voice Codec

Detailed Description

The MAX9860 is a low-power, voiceband, mono audio
codec designed to provide a complete audio solution
for wireless voice headsets and other mono audio
devices.

The mono playback path accepts digital audio over a
flexible digital audio interface compatible with 12S, TDM,
and left-justified audio signals. An oversampling sigma-
delta DAC converts an incoming digital data stream to
analog audio and outputs through the mono bridge-tied
load headphone amplifier.

The stereo record path has two microphone inputs with
selectable gain. The microphones are powered by an
integrated microphone bias. An oversampling sigma-
delta ADC converts the microphone signals and out-
puts the digital bit stream over the digital audio
interface.

The record path includes automatic gain control (AGC)
to optimize the signal level and a noise gate to reduce
idle noise. The automatic gain control monitors the out-
puts of the ADC and makes constant adjustments to the
input gain to reduce the dynamic range of the incoming
microphone signal by up to 20dB. The noise gate cor-
rects for the increase in noise typically associated with
AGC by lowering the gain when there is no audio signal.

14

Integrated digital filtering provides a range of notch and
highpass filters for both the playback and record paths
to limit undesirable low-frequency signals and GSM
transmission noise. The digital filtering provides attenu-
ation of out-of-band energy by up to 76dB, eliminating
audible aliasing. A digital sidetone function allows
audio from the record path to be summed into the play-
back path after digital filtering.

The MAX9860’s flexible clock circuitry utilizes a pro-
grammable clock divider and a digital PLL to allow the
DAC and ADC to operate at maximum dynamic range
for all combinations of master clock (MCLK) and sam-
ple rate (LRCLK). Any master clock between 10MHz to
B60MHz is supported as are all sample rates from 8kHz
to 48kHz. Master and slave mode are supported for
maximum flexibility.

I2C Registers

The MAX9860 audio codec is completely controlled
through software using an 12C interface. The power-on
default setting is software shutdown, requiring that the
internal registers be programmed to activate the device.
See Table 1 for the device’s complete register map.

I2C Slave Address
The MAX9860 responds to the slave address 0x20 for
all write commands and 0x21 for all read operations.

MAXIMN




16-Bit Mono Audio Voice Codec

Table 1. I12C Register Map

REGISTER
REGISTER B7 | B6 | B5 | B4 B3 B2 | B1 BO ADDRESS | POR | AW

STATUS/INTERRUPT

Interrupt Status CLD | SLD | ULK 0 | 0 | 0 | 0 | 0 0x00 — R
gggﬁ;‘é’;e NG/AGC NG AGC 0x01 - R
Interrupt Enable ico [iso Jwk | o [ o | o [ o | o 0x02 x00 | RW
CLOCK CONTROL

System Clock 0 | psctk | o | FREQ | 1ekHZ 0x03 0x00 | RW
gt;:frzmgf Clock | p . NHI 0x04 0x00 | RMW
gtoer:ter‘élﬁov"vo Clock NLO 005 0x00 | RMW
DIGITAL AUDIO INTERFACE

Interface Mas [ wer [oecl ooy [ HzZ oM [ o [ o 0x06 0x00 | RW
Interface 0 0 ABCI | ADLY | ST BSEL 0x07 0x00 | RW
DIGITAL FILTERING

Voice Filter AVFLT | DVFLT 0x08 0x00 | RW
DIGITAL LEVEL CONTROL

DAC Attenuation DVA 0x09 0x00 R/W
ADC Output Levels ADCRL | ADCLL OX0A 0x00 | RW
gggﬁn"’g” and 0 DVG DVST 0xO0B 0x00 | RW
MICROPHONE LEVEL CONTROL

Microphone Gain 0 PAM | PGAM 0x0C 0x00 | R/IW
RESERVED

Reserved | o [ o Jo]Jo] o | o] of o 0x0D 0x00
MICROPHONE AUTOMATIC GAIN CONTROL

Microphone AGC AGCSRC | AGCRLS AGCATK | AGCHLD OXOE 0x00 | RMW
,\N/l?c'fspizfe AGC ANTH AGCTH OXOF 0x00 | RW
POWER MANAGEMENT

System Shutdown  [SFDN | o | o | o DACEN | 0 [ ADCLEN | ADCREN 0x10 0x00 | RW
IMAXIM 15
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MAX9860

16-Bit Mono Audio Voice Codec

Status/interrupt
Status registers 0x00 and 0x01 are read-only registers
that report the status of various device functions. The
status register bits are cleared upon a read operation of
the status register and are set the next time the event
occurs. Register 0x02 determines whether or not the sta-
tus flags in register 0x00 simultaneously sets IRQ high.

Table 2. Status/Interrupt Registers

REGISTER ADDRESS B7 B6 B5 B4 B3 B2 B1 BO
0x00 CLD SLD ULK 0 0 0 0 0
0x01 NG AGC
0x02 ICLD ISLD IULK 0 0 0 0 0

BITS FUNCTION
Clip Detect Flag. Indicates that a signal has become clipped in the ADC or DAC digital signal paths. CLD also
CLD indicates that the AGC function, when enabled, has set the microphone PGA to 0dB and no further gain reduction
is possible.
sSLD Slew Level Detect Flag. When volume or gain changes are made, the slewing circuitry smoothly steps through all
intermediate settings. When SLD is set high, all slewing has completed and the volume or gain is at its final value.
Digital PLL Unlock Flag. Indicates that the digital audio PLL for the ADC or DAC has become unlocked and digital
ULK signal data is not reliable. When beginning operation in master mode, this flag goes high and can be cleared by
reading the status register.
Noise Gate Attenuation. When the noise gate is enabled these bits indicate the current noise gate attenuation.
Code Attenuation
000 0dB
001 1dB
010 2dB
NG
011 3dB
100 6dB
101 8dB
110 10dB
111 12dB
AGC AGC Gain. When the AGC is enabled these bits indicate the AGC controlled level to the MIC preamp. The levels
indicated by these bits correspond to the levels defined for the PGAM bits described in register 0x0C.

16
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16-Bit Mono Audio Voice Codec

Clock Control
The MAX9860 can work with a master clock (MCLK)
supplied from any system clock within the range of
10MHz to 60MHz. Internally, the MAX9860 requires a
10MHz to 20MHz clock so a prescaler divides by 1, 2,
or 4 to create the internal clock (PCLK). PCLK is used
to clock all portions of the MAX9860.

The MAX9860 is capable of supporting any sample rate
from 8kHz to 48kHz, including all common sample rates
(8kHz, 16kHz, 24kHz, 32kHz, 44.1kHz, 48kHz). To
accommodate a wide range of system architectures,
the MAX9860 supports three main clocking modes:

Normal Mode: This mode uses a 15-bit clock divider
coefficient to set the sample rate relative to the

Table 3. Clock Control Registers

prescaled MCLK input (PCLK). This allows high flexibili-
ty in both the MCLK and LRCLK frequencies and can
be used in either master or slave mode.

Exact Integer Mode: Common MCLK frequencies
(12MHz, 13MHz, and 19.2MHz) can be programmed to
operate in exact integer mode for both 8kHz and 16kHz
sample rates. In these modes, the MCLK and LRCLK
rates are selected by using the FREQ and 16KHZ bits
instead of the NHI, NLO, and PLL control bits.

PLL Mode: When operating in slave mode, a PLL can
be enabled to lock onto externally generated LRCLK
signals that are asynchronously related to PCLK.

REGISTER ADDRESS B7 B6 B5

B4 B3 B2 B1 BO

0x03 0 0

PSCLK 0

FREQ 16KHZ

0x04 PLL

NHI

0x05

NLO

BITS

FUNCTION

MCLK Prescaler

PSCLK[1:0]

Divides MCLK down to generate a PCLK between 10MHz and 20MHz.

00 = Disable clock for low-power shutdown.
01 = Select if MCLK is between 10MHz and 20MHz.
10 = Select if MCLK is between 20MHz and 40MHz.
11 = Select if MCLK is greater than 40MHz.

Integer Clock Mode

FREQ[1:0]

Enables exact integer mode for three predefined PCLK frequencies. Exact integer mode is normally
intended for master mode, but can be enabled in slave mode if the externally supplied LRCLK exactly
matches the frequency specified in each mode.

00 = Normal operation (configure clocking with the PLL, NHI, and NLO bits).
01 = Select when PCLK is 172MHz (LRCLK = PCLK/1500 or PCLK/750).

10 = Select when PCLK is 13MHz (LRCLK = PCLK/1625 or PCLK/812.5).

11 = Select when PCLK is 19.2MHz (LRCLK = PCLK/2400 or PCLK/1200).

When FREQ = 00, the PLL, NHI, and NLO bits are unused.

16kHz Mode
When FREQ = 00:
0 = LRCLK is exactly 8kHz.

16KHZ 1 = LRCLK is exactly 16kHz.

0 = Use when LRCLK < 24kHz.
1 = Use when LRCLK > 24kHz.

When FREQ = 00, 16KHZ is used to set the AGC clock rate:

MAXIM
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MAX9860

16-Bit Mono Audio Voice Codec

Table 3. Clock Control Registers (continued)

BITS

FUNCTION

PLL

PLL Enable

0 = (Valid for slave and master mode)—The frequency of LRCLK is set by the NHI and NLO divider
bits. Set PLL = 0 in slave mode only if the externally generated LRCLK can be exactly selected
using the LRCLK divider.

1 = (Valid for slave mode only)—Used when the audio master generates an LRCLK not selectable
using the LRCLK divider. A digital PLL locks on to the externally supplied LRCLK signal
regardless of the MCLK frequency.

Rapid Lock Mode
To enable rapid lock mode set NHI and NLO to the nearest desired ratio and set NLO[0] = 1 (Register
0x05, bit 0) before setting the PLL mode bit.

NHI and NLO

LRCLK Divider
NHI and NLO control a 15-bit clock divider (N). When the PLL = 0 and FREQ = 00, the frequency of
LRCLK is determined by the clock divider. See Table 4 for common N values.

N = (65,536 x 96 x fLRCLK)/fPCLK
fLrcLK = LRCLK frequency
fPcLK = prescaled MCLK internal clock frequency (PCLK)

Table 4. Common N Values

LRCLK (kHz)
MCLK

(MHz) | PsCLK 8 16 32 441 | 48
11.2896 01 116A | 22D4 | 45A9 | 6000 | 687D
12 01 1062 | 20C5 | 4189 | 5A51 | 624E
12.288 o1 1000 | 2000 | 4000 | 5833 | 6000
13 01 F20 | 1E3F | 3C7F | 535F | 5ABE
19.2 01 A3D | 147B | 28F6 | 3873 | 3D71
24 10 1062 | 20C5 | 4189 | 5A51 | 624E
26 10 F20 | 1E3F | 3C7F | 535F | 5ABE
27 10 EQ0 | 1D21 | 3A41 | 5048 | 5762

Note: Values in bold italics are exact integers that provide
maximum full-scale performance.

18
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Digital Audio Interface
The MAX9860's digital audio interface supports a wide
range of operating modes to ensure maximum compati-
bility. See Figures 1 through 4 for timing diagrams. In

Table 5. Digital Audio Interface Registers

master mode, the MAX9860 outputs LRCLK and BCLK,
while in slave mode, they are inputs. When operating in
master mode, BCLK can be configured in a number of
ways to ensure compatiblity with other audio devices.

REGISTER ADDRESS

B7

B6

B5

B4 B3

B2

B1

B0

0x06

MAS WCI DBCI DDLY HIZ TDM 0 0

0x07

0 0 ABCI ADLY ST BSEL

BITS

FUNCTION

MAS

Master Mode
0 = The MAX9860 operates in slave mode with LRCLK and BCLK configured as inputs.
1 = The MAX9860 operates in master mode with LRCLK and BCLK configured as outputs.

WCI

LRCLK Invert
0 = Left-channel data is input and output while LRCLK is low.
1 = Right-channel data is input and output while LRCLK is low.

WCl is ignored when TDM = 1.

DBCI

DAC BCLK Invert (must be set to ABCI)

In master and slave mode:

0 = SDIN is latched into the part on the rising edge of BCLK.
1 = SDIN is latched into the part on the falling edge of BCLK.

In master mode:
0 = LRCLK changes state following the rising edge of BCLK.
1 = LRCLK changes state following the falling edge of BCLK.

DDLY

DAC Delay Mode

0 = SDIN data is latched on the first BCLK edge following an LRCLK edge.

1 = SDIN data is assumed to be delayed one BCLK cycle so that it is latched on the 2nd BCLK edge
following an LRCLK edge (12S-compatible mode).

DDLY is ignored when TDM = 1.

HIZ

SDOUT High-Impedance Mode

0 = SDOUT is set either high or low after all data bits have been transferred out of the part.

1 = SDOUT goes to a high-impedance state after all data bits have been transferred out of the part,
allowing SDOUT to be shared by other devices.

Use HIZ only when TDM = 1.

TDM

TDM Mode Select

0 = LRCLK signal polarity indicates left and right audio.

1 = LRCLK is a framing pulse which transitions polarity to indicate the start of a frame of audio data
consisting of multiple channels.

When operating in TDM mode the left channel is output immediately following the frame sync pulse. If right-
channel data is being transmitted, the 2nd channel of data immediately follows the 1st channel data.

ABCI

ADC BCLK Invert (must be set to DBCI)
0 = SDOUT is valid on the rising edge of BCLK and transitions immediately after the rising edge.

1 =SDOUT is valid on the falling edge of BCLK and transitions immediately after the falling edge.

MAXIM
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MAX9860

16-Bit Mono Audio Voice Codec

Table 5. Digital Audio Interface Registers (continued)

BITS FUNCTION

ADC Delay Mode

0 = SDOUT data is valid on the first BCLK edge following an LRCLK edge.

ADLY 1 = SDOUT data is delayed one BCLK cycle so that it is valid on the 2nd BCLK edge following an
LRCLK edge (125-compatible mode).

ADLY is ignored when TDM = 1.

Stereo Enable

0 = The interface transmits and receives only one channel of data. If right record path is enabled, no

ST data from this channel is transmitted.

1 = The interface operates in stereo. The left and right incoming data are summed to mono and then
routed to the DAC. The summed data is divided by 2 to prevent overload. Both the left and right
record signals are transmitted.

BCLK Select

Configures BCLK when operating in master mode. BSEL has no effect in slave mode. Set BSEL = 010,

unless sharing the bus with multiple devices.

000 = Off

BSEL 001 = 64x LRCLK (192x internal clock divided by 3)

010 = 48x LRCLK (192x internal clock divided by 4)
011 = Reserved for future use.

100 = PCLK/2

101 = PCLK/4

110 = PCLK/8

111 = PCLK/16

20
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AUDIO MASTER MODES (ST =1):
LEFT JUSTIFIED : WCI =0, _BCI=0, _DLY =0

705 (typ) —la— 7ns (iyp)
LRCLK LEFT I RIGHT
1/fg
|l RELATIVE TO PCLK (NOTE 7)
oo T e

b« 40ns (max)
j Ons (min)

LEFT JUSTIFIED + LRCLK INVERT: WCI =1, _BCI =0, _DLY =0

>l 705 (typ) = 7ns (typ)
LRCLK RIGHT | LEFT
1fts
-»{ |« RELATIVE TO PCLK (NOTE 7)
SDOUT b1

& 40ns (max)
*‘ 0Ons (min)

. > 715 (typ) >l 7ns (typ) e e
oo LD LRLELALALALRLALALA LA LA LALATALALRL L DA LA AL LA LA LA LA LA LA LA LA LA LA L LT LALALS

| |+ CONFIGURED BY BSEL

LEFT JUSTIFIED + BCLK INVERT: WCI =0, _BCI=1, _DLY=0

»la 705 (typ) —>la— 7ns (1yp)
LRCLK LEFT I RIGHT
1ffg
- [« RELATIVE TO PCLK (NOTE 7)
Soout o1

40ns (max)
N j Ons {min) > 705 (typ) e 7ns(lyp) o o
TR A AR AR AR AR AR AR AR AR AR AR AR AR IR A RN RN AR RN R AR AR AR AR AR AR AR AR AR R AR AR IR IR IR ARRRRRRERE AR INY

2rsmin) >yl > e 0ns (i) +{ |« CONFIGURED BY BSEL

SDIN

12S: WCI =0, _BCI=0, _DLY=1

>l 7ns (typ) > 705 (typ)
LRCLK LEFT I RIGHT
/s >
|l RELATIVE TO PCLK (NOTE 7)
= 40ns (max)
B Ons (min) > 7ns (iyp) - 715 (typ) )
o1 L

2505 (min) e > e o0 min) | |« CONFIGURED BY BSEL

72222 oo ordos)oeXor e os Yoo oa) o2 oo 2227222220015 Hordor 2o orooe o Yo YoeYos Yo Xosiee oo 222 N

NOTE 7: THE DELAY FROM A BCLK EDGE AND AN LRCLK EDGE IS DETERMINED BY LENGTH OF TIME THAT PCLK (THE INTERNALLY DIVIDED DOWN VERSION OF MCLK AS DEFINED BY THE PSCLK BITS) IS HIGH DURING
ONE PERIOD OF MCLK PLUS THE INTERNAL DELAY. FOR EXAMPLE: IF PCLK = 12.288MHz, THE DELAY BETWEEN BCLK AND LRCLK IS TYPICALLY 45ns.

SDIN

Figure 1. Digital Audio Interface Audio Master Mode Examples
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16-Bit Mono Audio Voice Codec

VOICE (TDM) MASTER MODES:
_BCI=0,HIZ=1,8T=0

>l 705 (1yp) e 705 (typ)

1fis

[« RELATIVE TO PCLK (NOTE 8)

o G AAARPRE OE OO0
‘*40ns(max)
o (i
ns (min) >l 705 (1yp) enslp)
Bl RN R R R e
25ns (min) 7
" D 00000
_BClI=1,HIZ=1,8T=0
- 7ns (typ) =l 7ns (typ)
LRCLK []
- 1/fs
= RELATIVE TO PCLK (NOTE 8)
PENOG O 70888808

[ 40ns (max)
Ons (i) >l s (typ) > s (typ)
B T T T B
G yyrrrry
%8000
_BCI=0,HIZ=0,5T=0
>l 7ns(typ) >t 705 (typ)
LRCLK []
s
< RELATIVE TO PCLK (NOTE 8)
| 40ns (max)
Ons min) e 7ns (typ) - 705 (typ)
BOLK innnnnnnnnnnnnn
»| |« coNFGUREDBYBSEL T T T 7

25ns (min) ‘¢ J ‘¢ Ons (min)

%/ Eunoan 200000

_BCI=0,HIZ=1,8T=1

>l 70 (typ) f= 7ns (typ)

[ RELATIVE TO PCLK (NOTE 8)

e~ 40ns (max)
Ons (min)

>l 71 (iyp) | 705 (typ)

| = CONFIGURED BY BSEL

NOTE 8: THE DELAY FROM A BCLK EDGE AND AN LRCLK EDGE IS DETERMINED BY LENGTH OF TIME THAT PCLK (THE INTERNALLY DIVIDED DOWN VERSION OF MCLK AS DEFINED BY THE PSCLK BITS) IS HIGH DURING
ONE PERIOD OF MCLK PLUS THE INTERNAL DELAY. FOR EXAMPLE: IF PCLK = 12.288MHz, THE DELAY BETWEEN BCLK AND LRCLK IS TYPICALLY 45ns.

Figure 2. Digital Audio Interface Voice Master Mode Examples
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16-Bit Mono Audio Voice Codec

AUDIO SLAVE MODES (ST =1):
LEFT JUSTIFIED: WCI =0, _BCI =0, _DLY=0

LRCLK LEFT | RIGHT

4»‘ [~ 25ns (min) Ons (min) 4

soouT 0t @@@@@@@@@
> [ 40ns (max)

Ons (min) -»| | 30ns (min)
Bok 110

2505 (min) ;e =] - Ons i) > [ 75ns (min) > |- 3

SN 2222200 fordfor3fprz)oriforef o osor oo Xos e fos o) oo

LEFT JUSTIFIED + LRCLK INVERT: WCI =1, _BCI=0, _DLY =0

LRCLK RIGHT | LEFT

Ons (min) >

| [ 25ns (min)

soour_ots @@@@@@@@@@ preforsforaforrforofos Yos XorkosKosXoaposXoe oo XD
ns (max)

>
ons (min) -»{ | 30ns (min)

o DHTALPLALA AL LA LS LS L LA L LA LALA L L LS L LA LA L LA LA LA L LA LA L L LA LA L L LA L L

| | 75ns (min) > -

25ns (min) ->‘ e J Ons (min)

o 200360 312 Yoroe e or s Yoo os)ox oz orYoo Z2ZZ2200 5K ororaforifordos Yosor) oo oe)oe)os oY Y o ZZ4_X N

LEFT JUSTIFIED + BCLK INVERT: WCI =0, _BCl =1, _DLY =0

LRCLK LEFT | RIGHT
1/fs

> = 25ns (min) Ons (min) >
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Digital Filtering
The MAX9860 incorporates selecable highpass and
notch filters for both the playback and record paths.
Each filter is valid for a specific sample rate.

Table 6. Digital Filter Registers

REGISTER ADDRESS B7 I B6 I B5 B4 B3 B2 B1 BO
0x08 AVFLT DVFLT
BITS FUNCTION
AVFLT ADC Voice Filter Frequency Select. See Table 7.
DVFLT DAC Voice Filter Frequency Select. See Table 7.

Table 7. Digital Filters

CODE FILTER TYPE SAMPLE RATE DESCRIPTION
0x0 — — Disabled
0x1 Elliptical 16kHz Elliptical highpass with 217Hz notch
0x2 Butterworth 16kHz 500Hz Butterworth highpass
0x3 Elliptical 8kHz Elliptical highpass with 217Hz notch
Ox4 Butterworth 8kHz 500Hz Butterworth highpass
0x5 Butterworth 48kHz 200Hz Butterworth highpass
0x6 to OxF — — Reserved

MAXIM 25
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Digital Level Control
The MAX9860 includes digital gain adjustment for the
playback and record paths. Independent gain

Table 8. Digital Level Control Registers

adjustment is provided for the two record channels.
Sidetone gain adjustment is also provided to set the
sidetone level relative to the playback level.

REGISTER ADDRESS B7 | | | B | B3 B2 B1 BO
0x09 DVA
0X0A ADCRL | ADCLL
0x0B 0o | DVG | DVST
BITS FUNCTION
DAC Level Adjust
Adjusts the digital audio level before being converted by the DAC. The least significant bit of DVA is
always 0.
CODE GAIN CODE GAIN CODE GAIN
0x00 +3 0x40 -29 0x80 -61
0x02 +2 0x42 -30 0x82 -62
0x04 +1 0x44 -31 0x84 -63
0x06 0 0x46 -32 0x86 -64
0x08 -1 0x48 -33 0x88 -65
0X0A -2 0x4A -34 0x8A -66
0x0C -3 0x4C -35 0x8C -67
OxOE -4 Ox4E -36 Ox8E -68
0x10 -5 0x50 -37 0x90 -69
0x12 -6 0x52 -38 0x92 -70
0x14 -7 0x54 -39 0x94 71
0x16 -8 0x56 -40 0x96 -72
0x18 -9 0x58 -41 0x98 -73
VA 0x1A -10 0X5A -42 0x9A -74
0x1C 11 0x5C -43 0x9C -75
Ox1E 12 Ox5E -44 OX9E -76
0x20 -13 0x60 -45 0xAQ -77
0x22 -14 0x62 -46 O0xA2 -78
0x24 -15 0x64 -47 0xA4 -79
0x26 -16 0x66 -48 0xA6 -80
0x28 17 0x68 -49 0xA8 -81
0x2A -18 0X6A -50 OXAA -82
0x2C -19 0x6C -51 OXAC -83
O0x2E -20 Ox6E -52 OXAE -84
0x30 -21 0x70 -53 0xB0 -85
0x32 -22 0x72 -54 0xB2 -86
0x34 -23 0x74 -55 0xB4 -87
0x36 -24 0x76 -56 0xB6 -88
0x38 -25 0x78 -57 0xB8 -89
0x3A -26 0x7A -58 OxBA -90
0x3C -27 0x7C -59 > 0xBC MUTE
OX3E -28 OX7E -60 — —
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Table 8. Digital Level Control Registers (continued)

BITS FUNCTION
Left and Right ADC Output Level
Adjusts the digital audio level output by the ADCs.
CODE GAIN
0x0 +3
0x1 +2
0x2 +1
0x3 0
0x4 -1
0x5 -2
ADCRL/ADCLL 0x6 -3
0x7 -4
0x8 -5
0x9 -6
OxA -7
0xB -8
0xC -8
0xD -10
OXE -11
OxF -12
DAC Gain
The gain set by DVG adds to the level set by DVA.
CODE GAIN
DVG 00 0
01 +6
10 +12
11 +18
Sidetone
Sets the level of left ADC output mixed into the DAC.
CODE GAIN CODE GAIN
0x00 Disabled 0x10 -30
0x01 0 0x11 -32
0x02 -2 0x12 -34
0x03 -4 0x13 -36
0x04 -6 0x14 -38
0x05 -8 0x15 -40
DVST 0x06 -10 0x16 -42
0x07 -12 0x17 -44
0x08 -14 0x18 -46
0x09 -16 0x19 -48
O0x0A -18 Ox1A -50
0x0B -20 0x1B -52
0x0C -22 0x1C -54
0x0D -24 0x1D -56
OXOE -26 Ox1E -58
OxOF -28 Ox1F -60
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Microphone Inputs
The MAX9860 provides two differential microphone
inputs and a low-noise 1.55V microphone bias for power-
ing the microphones. In typical applications, the left
microphone is used to record a voice signal and the
right microphone is used to record a background noise
signal. In applications that require only one microphone,
use the left microphone input and disable the right ADC.
The microphone signals are amplified by two stages of

gain and then routed to the ADCs. The first stage offers
selectable 0dB, 20dB, or 30dB settings. The second
stage is a programmable gain amplifier (PGA) adjustable
from OdB to 20dB in 1dB steps. Zero-crossing detection
is included on the PGA to minimize zipper noise while
making gain changes. See Figure 5 for a detailed dia-
gram of the microphone input structure.

MICBIAS | 1.55V | REG

MICLP

:

MICLN

:

MICGND

MICRP

|
I
| MICRN
I

MAXIMN
MAX9660

0/20/30dB

Vow 0dB to +200B

+

PREAMP

AGC

0/20/30dB

Vom

+
PREAMP

0dB to +20dB

Figure 5. Microphone Input Block Diagram
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Table 9. Microphone Input Register

REGISTER ADDRESS B7 B6 I B5 B4 B3 B2 B1 BO
0x0C 0 PAM PGAM
BITS FUNCTION

Left and Right Microphone Preamp Gain
CODE GAIN (dB)
00 Disabled
PAM 01 0
10 +20
11 +30
Note: Selecting 00 disables the microphone inputs and microphone bias automatically.
Left and Right Microphone PGA
CODE GAIN (dB) CODE GAIN (dB)
0x00 +20 0x0B +9
0x01 +19 0x0C +8
0x02 +18 0x0D +7
0x03 +17 OxOE +6
PGAM 0x04 +16 OxOF +5
0x05 +15 0x10 +4
0x06 +14 Ox11 +3
0x07 +13 0x12 +2
0x08 +12 0x13 +1
0x09 +11 > 0x14 0
0x0A +10 — —

Note: When AGC is enabled, the AGC controller overrides these settings.
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Automatic Gain Control (AGC)
and Noise Gate
The MAX9860 includes AGC on both microphone
inputs. AGC is enabled by setting the hold time through
AGCHLD. AGC dynamically controls the analog PGA
microphone input gain to hold the level constant over a
20dB input range, enhancing the voice path operation
for various use conditions. When AGC is enabled, it
monitors the signal level at the output of the ADC and
then makes gain adjustments by controlling the analog
microphone PGA. When AGC is enabled, PGAM is not
user programmable.

Table 10. AGC and Noise Gate Registers

Since AGC increases the level of all signals below a
user-defined threshold, the noise floor effectively is
increased by 20dB. To counteract this, a noise gate is
included to reduce the gain at low levels. Unlike typical
noise gates that completely silence the output below a
threshold, the noise gate in the MAX9860 reduces the
gain for signals below the defined level. As the signal
level becomes further below the threshold, the gain is
further reduced. The Automatic Gain Control
Thresholds and Noise Gate Thresholds graphs in the
Typical Operating Characteristics show the resulting
steady-state transfer curves when AGC and the noise
gate are enabled.

REGISTER ADDRESS B7 B6 | B5 B4 B3 B2 B1 BO
OXOE AGCSRC AGCRLS AGCATK AGCHLD
OxOF ANTH AGCTH
BITS FUNCTION

AGC/Noise Gate Signal Source Select
AGCSRC 0 = The left ADC output is used by the AGC and noise gate.
1 = The sum of the left and right ADC outputs is used by the AGC and noise gate.
AGC Release Time
Time taken by the AGC circuit to increase the gain from minimum to maximum.
CODE TIME
000 78ms
001 156ms
AGCRLS 010 312ms
011 625ms
100 1.25s
101 2.5s
110 5s
111 10s
AGC Attack Time
The time constant of the AGC gain reduction curve.
CODE TIME (ms)
AGCATK 00 3
01 12
10 50
11 200
AGC Hold Time
Time the AGC circuit waits before beginning to increase gain when a signal below the threshold is
detected.
CODE TIME (ms)
AGCHLD 00 AGC disabled
01 50
10 100
11 400
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Table 10. AGC and Noise Gate Registers (continued)

BITS FUNCTION
Noise Gate Threshold
The signal level at which the noise gate begins reducing the gain. When the signal level is above the
threshold the noise gate has no effect. When the signal level is below the threshold, the noise gate
decreases the gain by 1dB for every 2dB the signal is below the threshold.
The noise gate can be enabled independently from AGC. When AGC is enabled, PGAM must be set to
+20dB (indicating a small signal is present) for the noise gate to attenuate.
For microphone signals, use the noise gate and AGC simultaneously with ANTH set between -16dB
and -28dB.
ANTH ANTH[3:0] LEVEL (dBFS) ANTH[3:0] LEVEL (dBFS)
0x0 Disabled 0x8 -44
0ox1 -72 0x9 -40
0x2 -68 OxA -36
0x3 -64 0xB -32
0x4 -60 oxC -28
0x5 -56 0xD -24
0x6 -52 OxE -20
0x7 -48 OxF -16
AGC Signal Threshold
The target output signal level. When the signal level is below the threshold, the AGC increases the
gain. The signal level is measured after ADCRL and ADCLL are applied to the ADC output.
ANTH[3:0] LEVEL (dBFS) ANTH[3:0] LEVEL (dBFS)
0x0 -3 0x8 -1
Ox1 -4 0x9 -12
AGCTH 0x2 5 OXA -13
0x3 -6 0xB -14
Ox4 -7 oxC -15
0x5 -8 0xD -16
0x6 -9 OxE -17
Ox7 -10 OxF -18

MAXIM
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Power Management
The MAX9860 includes complete power management
control to minimize power usage. The DAC and both

Table 11. Power Management Register

ADCs can be independently enabled so that only the
required circuitry is active.

REGISTER ADDRESS B7 B6 B5 B4 B3 B2 B1 BO
0x10 SHDN 0 0 0 DACEN 0 ADCLEN ADCREN
BITS FUNCTION
Active-Low Software Shutdown
0 = MAX9860 is in full shutdown.
SHDN 1 = MAX9860 is powered on.
When SHDN = 0. All register settings are preserved and the I12C interface remains active.
DAC Enable
DACEN 0 = DAC disabled.
1 = DAC enabled.
ADC Left/Right Enable
0 = Left/right ADC disabled.
ADCLEN/ADCREN 1 = Left/right ADC enabled.
The left ADC must be enabled when using the right ADC.
Revision Code
The MAX9860 includes a revision code to allow easy
identification of the device revision. The current revision
code is 0x40.
Table 12. Revision Code Register
ADDR B7 | B6 | B5 | B4 | B3 | B2 | B1 | BO
OxFF REV

I12C Serial Interface
The MAX9860 features an 12C/SMBus™-compatible,
2-wire serial interface consisting of a serial-data line
(SDA) and a serial-clock line (SCL). SDA and SCL facili-
tate communication between the MAX9860 and the
master at clock rates up to 400kHz. Figure 6 shows the
2-wire interface timing diagram. The master generates
SCL and initiates data transfer on the bus. The master
device writes data to the MAX9860 by transmitting the
proper slave address followed by the register address
and then the data word. Each transmit sequence is
framed by a START (S) or REPEATED START (Sr) con-
dition and a STOP (P) condition. Each word transmitted
to the MAX9860 is 8 bits long and is followed by an
acknowledge clock pulse. A master reading data from
the MAX9860 transmits the proper slave address fol-
lowed by a series of nine SCL pulses. The MAX9860

SMBus is a trademark of Intel Corp.
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transmits data on SDA in sync with the master-generat-
ed SCL pulses. The master acknowledges receipt of
each byte of data. Each read sequence is framed by a
START or REPEATED START condition, a not acknowl-
edge, and a STOP condition. SDA operates as both an
input and an open-drain output. A pullup resistor, typi-
cally greater than 500, is required on SDA. SCL oper-
ates only as an input. A pullup resistor, typically greater
than 500, is required on SCL if there are multiple mas-
ters on the bus, or if the single master has an open-
drain SCL output. Series resistors in line with SDA and
SCL are optional. Series resistors protect the digital
inputs of the MAX9860 from high voltage spikes on the
bus lines, and minimize crosstalk and undershoot of the
bus signals.
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Figure 6. 2-Wire Interface Timing Diagram

Bit Transfer
One data bit is transferred during each SCL cycle. The
data on SDA must remain stable during the high period
of the SCL pulse. Changes in SDA while SCL is high
are control signals (see the START and STOP
Conditions section).

START and STOP Conditions
SDA and SCL idle high when the bus is not in use.
A master initiates communication by issuing a START (S)
condition. A START condition is a high-to-low transition
on SDA with SCL high. A STOP (P) condition is a low-to-
high transition on SDA while SCL is high (Figure 7). A
START condition from the master signals the beginning
of a transmission to the MAX9860. The master terminates
transmission, and frees the bus, by issuing a STOP con-
dition. The bus remains active if a REPEATED START
(Sr) condition is generated instead of a STOP condition.

Early STOP Conditions
The MAX9860 recognizes a STOP condition at any
point during data transmission except if the STOP con-
dition occurs in the same high pulse as a START condi-
tion. For proper operation, do not send a STOP
condition during the same SCL high pulse as the
START condition.

Slave Address
The slave address is defined as the seven most signifi-
cant bits (MSBs) followed by the read/write bit. For the
MAX9860, the seven most significant bits are 0010000.
Setting the read/write bit to 1 (slave address = 0x21)
configures the MAX9860 for read mode. Setting the
read/write bit to O (slave address = 0x20) configures
the MAX9860 for write mode. The address is the first
byte of information sent to the MAX9860 after the
START condition.

MAXIM

Acknowledge
The acknowledge bit (ACK) is a clocked 9th bit that the
MAX9860 uses to handshake receipt each byte of data
when in write mode (see Figure 7). The MAX9860 pulls
down SDA during the entire master-generated 9th clock
pulse if the previous byte is successfully received.
Monitoring ACK allows for detection of unsuccessful
data transfers. An unsuccessful data transfer occurs if
a receiving device is busy or if a system fault has
occurred. In the event of an unsuccessful data transfer,
the bus master retries communication. The master pulls
down SDA during the 9th clock cycle to acknowledge
receipt of data when the MAX9860 is in read mode. An
acknowledge is sent by the master after each read byte
to allow data transfer to continue. A not acknowledge is
sent when the master reads the final byte of data from
the MAX9860, followed by a STOP condition.

Write Data Format
A write to the MAX9860 includes transmission of a
START condition, the slave address with the R/W bit set
to 0, one byte of data to configure the internal register
address pointer, one or more bytes of data, and a
STOP condition. Figure 9 illustrates the proper frame
format for writing one byte of data to the MAX9860.
Figure 10 illustrates the frame format for writing n bytes
of data to the MAX9860.

The slave address with the R/W bit set to 0 indicates
that the master intends to write data to the MAX9860.
The MAX9860 acknowledges receipt of the address
byte during the master-generated 9th SCL pulse.

The second byte transmitted from the master config-
ures the MAX9860’s internal register address pointer.
The pointer tells the MAX9860 where to write the next
byte of data. An acknowledge pulse is sent by the
MAX9860 upon receipt of the address pointer data.
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Figure 7. START (S), STOP (P), and REPEATED START (Sr) Conditions
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Figure 9. Writing One Byte of Data to the MAX9860

The third byte sent to the MAX9860 contains the data
that is written to the chosen register. An acknowledge
pulse from the MAX9860 signals receipt of the data byte.
The address pointer autoincrements to the next register
address after each received data byte. This autoincre-
ment feature allows a master to write to sequential regis-
ters within one continuous frame. Figure 10 illustrates
how to write to multiple registers with one frame. The
master signals the end of transmission by issuing a
STOP condition. Register addresses greater than 0x10
are reserved. Do not write to these addresses.
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_ Read Data Format
Send the slave address with the R/W bit set to 1 to initi-
ate a read operation. The MAX9860 acknowledges
receipt of its slave address by pulling SDA low during
the 9th SCL clock pulse. A START command followed
by a read command resets the address pointer to reg-
ister 0x00.

The first byte transmitted from the MAX9860 is the con-
tents of register 0x00. Transmitted data is valid on the
rising edge of SCL. The address pointer autoincre-
ments after each read data byte. This autoincrement
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Figure 10. Writing N Bytes of Data to the MAX9860

ACKNOWLEDGE FROM MAX9860 ACKNOWLEDGE FROM MAX9860

NOT ACKNOWLEDGE FROM MASTER
ACKNOWLEDGE FROM MAX9860

T T T T T T T T T T T T T T T T T T T T T T T T T —
[s| Ssiaveaoress o |a] | meaisrerpooRess | [ A [sr, | sAvEADDRESS 1A DATABYTE | Ale]
- Y 3
—f REPEATED START RAW 1BYTE 1
AUTOINCREMENT INTERNAL
REGISTER ADDRESS POINTER
Figure 11. Reading One Byte of Data from the MAX9860
ACKNONLEDGE FROM MAYGER0 — - AGKNOWLEDGE FROM WAXO880— - ACKNOILEDGE FROM 1G85
[s| swveaoress, | jo|a| | meciseRpDDRESS | [ A [Sr | SLAVE ADDRESS : DATABYTE | AP
— — ¢ [y
i REPEATED START R 1BYTE ]

AUTOINCREMENT INTERNAL
REGISTER ADDRESS POINTER

Figure 12. Reading N Bytes of Data from the MAX9860

feature allows all registers to be read sequentially within
one continuous frame. A STOP (P) condition can be
issued after any number of read data bytes. If a STOP
condition is issued followed by another read operation,
the first data byte to be read is from register 0x00.

The address pointer can be preset to a specific register
before a read command is issued. The master presets
the address pointer by first sending the MAX9860’s
slave address with the R/W bit set to O followed by the
register address. A REPEATED START (Sr) condition is
then sent followed by the slave address with the R/W bit
set to 1. The MAX9860 then transmits the contents of
the specified register. The address pointer autoincre-
ments after transmitting the first byte.

MAXIM

The master acknowledges receipt of each read byte
during the acknowledge clock pulse. The master must
acknowledge all correctly received bytes except the
last byte. The final byte must be followed by a not
acknowledge from the master and then a STOP condi-
tion. Figure 11 illustrates the frame format for reading
one byte from the MAX9860. Figure 12 illustrates the
frame format for reading multiple bytes from the
MAX9860.
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Pin Configuration
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Applications Information

Proper layout and grounding are essential for optimum
performance. When designing a PCB for the MAX9860,
partition the circuitry so that the analog sections of the
MAX9860 are separated from the digital sections. This
ensures that the analog audio traces do not need to be
routed near digital traces.

Use a large continuous ground plane on a dedicated
layer of the PCB to minimize loop areas. Connect
AGND, DGND, and MICGND directly to the ground
plane using the shortest trace length possible. Proper
grounding improves audio performance, minimizes
crosstalk between channels, and prevents any digital
noise from coupling into the analog audio signal.

Ground the bypass capacitors on REG, PREG, and REF
directly to the ground plane with minimum trace length.
Also be sure to minimize the path length to AGND and
MICGND. Bypass AVDD directly to AGND. Bypass
MICBIAS directly to MICGND.

Connect all digital 1/0 termination to the ground plane
with minimum path length to DGND. Bypass DVDD and
DVDDIO directly to DGND.

36

Route microphone signals from the microphone to the
MAX9860 as a differential pair, ensuring that the positive
and negative signals follow the same path as closely as
possible with equal trace length. When using single-
ended microphones or other single-ended audio
sources, AC ground the negative microphone input sig-
nal as near to the audio source as possible and then treat
the positive and negative traces as differential pairs.

The MAX9860 thin QFN package features an exposed
thermal pad on its underside. This pad lowers the pack-
age’s thermal resistance by providing a direct heat
conduction path from the die to the PCB. Connect the
exposed thermal pad to AGND.

An evaluation kit (EV kit) is available to provide an
example layout for the MAX9860. The EV kit allows
quick setup of the MAX9860 and includes easy-to-use
software allowing all internal registers to be controlled.
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Functional Diagram/Typical Operating Circuit
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MAX9860

16-Bit Mono Audio Voice Codec

Package Information

For the latest package outline information and land patterns, go to www.maxim-ic.com/packages.

PACKAGE TYPE PACKAGE CODE DOCUMENT NO.

24 TQFN-EP T2444+4 21-0139
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12,16,20,24,28L THIN QFN, 4x4x0.75mm
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http://pdfserv.maxim-ic.com/package_dwgs/21-0139.PDF

16-Bit Mono Audio Voice Codec

Package Information (continued)
For the latest package outline information and land patterns, go to www.maxim-ic.com/packages.

COMMON DIMENSIONS EXPOSED PAD VARIATIONS

PKG 12L 4x4 16L 4x4 20L 4x4 24L 4x4 28L 4x4 PKG. D2 £2

REF. | MIN. [NOM. | MAX. | MIN. | NOM. | MAX. | MIN. | NOM. | MAX.| MIN. | NOM. | MAX. | MIN. | NOM. | MAX. CODES MIN. | NOM. | MAX.| MIN. | NOM. | MAX.
A 0.70 [0.75 | 080 [0.70 | 075 | 0.80 | 0.70 | 075 | 080 | 0.70 [ 075 [ 080 | 0.70 [ 0.75 [ 0.80 T1244-3 | 195 | 210 [225[ 195 | 210 [ 225
AL 00 [002 [005] 00 [002 [o005 | 0.0 [002 [ 005] 00 [o002 ] 005] 00 o002 [ 005 Tie44-4 | 195 | 240 [225] 195 [ 210 [ 225
a2 0.20 REF 0.20 REF 0.20 REF 0.20 REF 0.20 REF Ti644-3 | 195 | 210 |[225[ 195 | 210 [ 225
b 025 [0.30 | 035|025 [ 030 | 0.35 | 020 [ 025 | 0.30 | 048 [ 023 [ 030 | 045 [ o020 [ 025 Tie44-4 | 195 | 210 |225] 195 [ 210 | 225
D 390 [4.00 | 410 [3.90 [ 400 | 440 | 3.90 [ 4.00 | 440 [3.90 [ 400 [ 410 [3.90 [ 400 [ 410 T2044-2 | 195 | 210 | 225| 195 [ 240 | 225
E 390 [4.00 | 410 [3.90 [ 400 | 440 | 3.90] 400 | 440 [ 3.90 [ 400 [ 410 [ 390 [ 400 [ 410 T2044-3 | 195 | 210 | 225] 195 [ 210 | 225
e 0.80_BSC. 0.65 BSC. 0.50 BSC. 050 BSC. 0.40_BSC. Te444-2 | 195 | 210 [225[ 195 [ 210 [ 225
k 025 - [ - Joas[ - [ - Joas[ - [ - Joas] -] - Joas[ - [ - T2444-3 | 245] 260263 [ 245 [ 260] 263
L 045 [0.55 [ 0.65 [ 045 [ 055 [ 065 | 045[055 [ 065[ 0.30 | 0.40 [ 050 [ 0.30 [ 040 | 0.50 T2444-4 | 245| 260|263 | 245 [ 260 263
N 12 16 20 24 28 Te444N-4 | 245 | 260 | 263 [ 245 | 260 [ 263
ND 3 4 5 3 7 To444M-1 | 245 | 260 [ 263 [ 245 | 260 [ 263
NE 3 4 5 3 7 Tog44-1 | 250 | 260|270 | 250 | 260 [ 270
| Jedec WGGB WGGC WGGD-1 VGGD-2 VGGE

NOTES:
1. DIMENSIONING & TOLERANCING CONFORM TO ASME Y14.5M-1994.
2. ALL DIMENSIONS ARE IN MILLIMETERS. ANGLES ARE IN DEGREES.
3. N IS THE TOTAL NUMBER OF TERMINALS.
A THE TERMINAL #1 IDENTIFIER AND TERMINAL NUMBERING CONVENTION SHALL CONFORM TO JESD 95-1 SPP-0i2. DETAILS OF
TERMINAL #1 IDENTIFIER ARE OPTIONAL, BUT MUST BE LOCATED WITHIN THE ZONE INDICATED. THE TERMINAL #1 IDENTIFIER
MAY BE EITHER A MOLD OR MARKED FEATURE.
% DIMENSION b APPLIES TO METALLIZED TERMINAL AND IS MEASURED BETWEEN 0.25mm AND 0.30mm FROM TERMINAL TIP.
ND AND NE REFER TO THE NUMBER OF TERMINALS ON EACH D AND E SIDE RESPECTIVELY.
7. DEPOPULATION IS POSSIBLE IN A SYMMETRICAL FASHION.
COPLANARITY APPLIES TO THE EXPOSED HEAT SINK SLUG AS WELL AS THE TERMINALS.
9. DRAWING CONFORMS TO JEDEC MO220, EXCEPT FOR T2444-3, T2444-4 AND T2844-1
MARKING IS FOR PACKAGE ORIENTATION REFERENCE ONLY.
11. COPLANARITY SHALL NOT EXCEED 0.08mm.
12, WARPAGE SHALL NOT EXCEED 0.10mm.
LEAD CENTERLINES TO BE AT TRUE POSITION AS DEFINED BY BASIC DIMENSION ‘e, 0.05.

14. NUMBER OF LEADS SHOWN ARE FOR REFERENCE ONLY. /VI /JXI /VI
15. ALL DIMENSIONS ARE THE SAME FOR LEADED ¢-> & PFREE (+> PACKAGE CODES.

TTLE:
PACKAGE OUTLINE

12,16,20,24,28L THIN GFN, 4x4x0.75mm

APPROVAL [DOCUMENT CONTROL NO.  [REV. | o
—DRAWING NOT TO SCALE— 21-0139 I A
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MAX9860

16-Bit Mono Audio Voice Codec

Revision History

REVISION | REVISION PAGES
NUMBER DATE DESCRIPTION CHANGED
0 10/08 Initial release —

1 9/09 Corrected error in Table 11 32

Maxim cannot assume responsibility for use of any circuitry other than circuitry entirely embodied in a Maxim product. No circuit patent licenses are
implied. Maxim reserves the right to change the circuitry and specifications without notice at any time.
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