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MAX98091

General Description

The MAX98091 is a fully integrated audio codec whose
high-performance, ultra-low power consumption and
small footprint make it ideal for portable applications.

The device features a highly flexible input scheme with
six input pins that can be configured as analog or digital
microphone inputs, differential or single-ended line inputs,
or as full-scale direct differential inputs. Analog inputs can
be routed to the record path ADC or directly to any analog
output mixer.

The device accepts master clock frequencies of either
256 x fg or from 10MHz to 60MHz. The digital audio inter-
face supports master or slave mode operation, sample
rates from 8kHz to 96kHz, and standard PCM formats
such as 128, left/right-justified, and TDM.

The record/playback paths feature FlexSound® technology
DSP. This includes digital gain and filtering, a biquad filter
(record), dynamic range control (playback), and a seven
band parametric equalizer (playback) that can improve loud-
speaker performance by optimizing the frequency response.

The stereo Class D speaker amplifier provides efficient

Ultra-Low Power Stereo Audio Codec

Features and Benefits

e 102dB DR Stereo DAC to HP

4.1mW Stereo Playback Power Consumption
99dB DR Stereo ADC

4.5mW Stereo Record Power Consumption

3 Stereo Single-Ended/Differential Analog
Microphone/Line Inputs

Two PDM Digital Microphone Inputs
Master Clock Frequencies from 256 x fg to 60MHz
I2S/LJ/RJ/TDM Digital Audio Interface

FlexSound Technology Signal Processing
* Record Path Biquad Filter

Playback Path 7-Band Parametric EQ
» Playback Path Automatic Level Control
 Digital Filtering and Gain/Level Control

e Stereo Low EMI Class D Speaker Amplifiers
* 3.2W/Channel (R_ = 4Q, VspkvDD = 5V)
e 1.8W/Channel (R_ = 8Q, VspkvDD = 5V)

e Stereo DirectDrive Class H Headphone Amplifier
Jack Detection and Identification

e . o e Differential Receiver Amplifier/Stereo Line Output
amplification, features low radiated emissions, supports . . ) o
filterless operation, and can drive both 4Q and 8Q loads. e Extensive Click-and-Pop Reduction Circuitry
The DirectDrive® stereo Class H headphone ampli- e RF Immune Analog Inputs and Outputs
fier provides a ground-referenced output eliminating the e Programmable Microphone Bias
r]etladdfor larg-?f DC—tt.JIc|>ck|ng. cap?cnor_s. T)he denf:e ?PI]sci e 12C Control Interface
includes a differential receiver (earpiece) amplifier tha .

. . ) e 56-Bump 0.4mm WLP and 48-Pin
can be reconfigured as a stereo single-ended line output.
9 9 P 6mmx6mmx0.75mm TQFN Packages
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Absolute Maximum Ratings

(Voltages with respect to AGND, unless otherwise noted.) HPSNS ... (VHpPaND - 0.3V) to (VHpanD + 0.3V)
AVDD, DVDD, HPVDD........ccceoiiieiiienienisieene -0.3V to +2.2V HPL, HPR ... (Vcpvss - 0.3V) to (Vepypp + 0.3V)
SPKVDD, DVDDIO.......ccciiiiiiiieieieic e -0.3V to +6.0V RCVP/LOUTL............. (VspkLaND - 0.3V) to (Vspkypp * 0.3V)
DGND, HPGND, SPKLGND, SPKRGND............. -0.1V to +0.1V RCVN/LOUTR............(VspKkLGND - 0.3V) to (VspkvpD + 0.3V)
CPVDD...ccooeiieiieieiee (VHPGND - 0.3V) to (VHpPGND * 2.2V) SPKLP, SPKLN .......... (VspkLaND - 0-3V) to (Vspkvpp + 0.3V)
CPVSS ... (VHPGND - 2.2V) to (VHpanD * 0.3V) SPKRP, SPKRN ........ (VsPKrRGND - 0.3V) to (VspkvpD + 0.3V)
CIN e (Vepvss - 0.3V) to (VHpanD + 0.3V) JACKSNS ...t -0.3V to +6.0V
CAP e (VHPGND - 0.3V) to (Vcpypp + 0.3V) Continuous Power Dissipation (Tp = +70°C)

MICBIAS ..o -0.3V to (Vgpkvpp * 0.3V) WLP (derate 256mW/°C above +70°C)........cccccververeenuenne 1.9W
REF, BIAS ..ot -0.3V to (Vaypp + 0.3V) TQFN (derate 37mW/°C above +70°C).........cccccceerunne 2.96W
MCLK, SDIN, SDA, SCL, TRQ.....cveeeereeeeern -0.3V to +6.0V Operating Temperature Range............ccccceeuee.. -40°C to +85°C
LRCLK, BCLK, SDOUT.......cccceernee. -0.3V to (Vpvppio *+ 0.3V) Storage Temperature Range..........ccccocceeennens -65°C to +150°C

IN1, IN2, IN3, IN4, IN5, ING ......cocviiiiiiiiiies -0.3V to +2.2V

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.

Package Thermal Characteristics (Note 1)

WLP TQFN
Junction-to-Ambient Thermal Resistance (8a) .......... 40°C/W Junction-to-Case Thermal Resistance (0jc).....ccccoovenne 1°C/W
Junction-to-Ambient Thermal Resistance (644) .......... 27°C/W

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.maximintegrated.com/thermal-tutorial.

Electrical Characteristics

(Mavbp = VHPVDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vgpkyvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLouT = =2, Ryp = =, Zgpk = «. CReF = 2.2uF, Cg|as = Cmicaias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_aDcCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, AV RCV ~— A\/ LOUT = A\/ HP ~= AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
POWER SUPPLY
VspkvDD 2.8 3.7 5.5
G VavbDs VHPVDD 1.65 1.8 2
Supply Voltage Range Pg;rsr}tﬁgtde bg; Vpvop (WLP) 1.08 1.2 1.98 Vv
Vpvpp (TQFN) 1.08 1.2 1.65
VpvDDIO 1.65 1.8 3.6
Full-duplex 8kHz | Analog 1.94
mono, receiver | Speaker 0.73
output Digital 0.97
DAC playback | Analog 1.45 2
. 48kHz stereo,
Quiescent Supply Current (Note 4) VDD headphone Speaker 0 0.005 mA
outputs Digital 1.04 1.5
DAC playback | Analog 0.91
48kHz stereo, Speaker 2.18
speaker outputs Digital 105
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT = e, RHp = =, Zgpk = . CrgF = 2.2uF, Cpjas = Cmicslas = TWF, Ccin-c1p = Ccpvbbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. ficLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
REF Voltage 1.25 \%
BIAS from resistive division (BIAS_MODE 0.90
= 0) .
BIAS Voltage Vv
BIAS from bandgap 078
(BIAS_MODE = 1) ’
Analog 1 10
Shutdown Supply Current (Note 4) Tp =+25°C Speaker 1 MA
Digital 2.1
Shutdown to Full Operation 10 ms
DIFFERENTIAL INPUT (ANALOG MICROPHONE) TO ADC RECORD PATH
fg = 48kHz, MODE = 1 (FIR audio), 97 dB
A-weighting filter applied
Dynamic Range (Note 5) DR
fg = 8kHz, MODE = 0 (lIR voice),
A-weighting filter applied 90 9% dB
Av_MICPRE = 20dB, ViN = 90mVRws, 82 75
f=1kHz,
Total Harmonic Distortion + Noise | THD+N | AV_MICPRE = 0dB, Vin = 900mVRus, -91 dB
Av_micpRE = 30dB, 73
VN = 28.5mVRps, f = 1kHz
Common-Mode Rejection Ratio CMRR f=217Hz, ViN_cm = 100mVp_p 59 dB
Vavpp = 1.65V to 2.0V, 57
input referred
I(Dl\(l)c\)/\t/:r:;?upply Rejection Ratio PSRR f=217Hz 60 dB
VRippLE = 100mVpp, 27 60
input referred
f=10kHz 59
MODE =0
(voice) 8kHz 22
1kHz, 0dB input, ?"O,DE) TG?(H 11
. ' ; voice z
Path Phase Delay highpass filter disabled ms
measured from analog | MODE = 1
input to digital output | (i gic) gkHz 4.5
MODE =1 08
(music) 48kHz ’

www.maximintegrated.com
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
Gain Error DC accuracy 1 %
DIFFERENTIAL (ANALOG MICROPHONE) PREAMP and PGA
Full-Scale Input Av_micpre = 0dB VRMS
PA_EN[1:0] = 01 0
Microphone Preamplifier Gain Av_micpre | (Note 6) PA_EN[1:0] = 10 19 20 21 dB
PA_EN[1:0] = 11 29 30 31.25
Microphone Level Adjust Gain PGAM_[4:0] = 0x00 19 20 21
PGAp ) Av_micpaa | (Note 6) — dB
(PGA) PGAM_[4:0] = 0x14 0
. All gain settings, measured at IN_
MIC Input Resistance RIN_MIC (measured single-ended) 28 50 kQ
MICROPHONE BIAS
ILoaD = TmA, MBVSEL[1:0] = 00 2.1 22 2.29
ILoaD = TmA, MBVSEL[1:0] = 01 2.29 24 2.46
MICBIAS Output Voltage VMICBIAS Vv
ILoaDp = TmA, MBVSEL[1:0] = 10 2.46 2.57 2.69
ILoaD = TmA, MBVSEL[1:0] = 11 2.69 2.8 29
. ILoaDp = TMA to 2mA,
Load Regulation MBVSEL[1:0] = 00 +0.085 mV
Line Regulation ZSOF(’)KLVDD =2.8V10 5.5V, MBVSEL[1:0] +0.01 mV
f=217Hz 95
; - VRIPPLE (SPKLVDD) = _
Ripple Rejection 100mVp.p f=1kHz 97 dB
f=10kHz 85
) A-weighted, f = 20Hz to 20kHz 7.4 MVRMS
Noise Voltage
f=1kHz 52.3 nVAHz
SINGLE-ENDED (LINE) INPUT TO ADC PATH
Dynamic Range (Note 5) DR ZS(EILILBZE;J)MCLK = 12.288MHz, MODE = 98 dB
Total Harmonic Distortion + Noise THD+N | V|Ny = 0.222VRps, f = 1kHz -85 -80 dB
SINGLE-ENDED (LINE) INPUT PGA
Full-Scale Input % 05 %
ull-Scale Inpu
P "™ Ay exterRNAL = 6B, EXTBUF = 1 1 RMS
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MAX98091 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
PGALIN = 0x0 18 20 21.5
PGALIN = 0x1 13 14 15
. ) ) PGALIN = 0x2 2 3 4
Line Input Level Adjust Gain (PGA) | Ay_LINEPGA | (Note 6) CGALIN = 03 1 0 > dB
PGALIN = 0x4 -4 -3 -2
PGALIN = 0x5, 0x6, 0x7 -7 -6 -5
Line Input Amplifier Gain Av_LINEAMP | Single-ended only 6 dB
Input Resistance RIN 14 20 kQ
Feedback Resistance RINFB  |TAa=125°C 19 20 21 kQ
DIGITAL LOOP-THROUGH: RECORD OUTPUT TO PLAYBACK INPUT PATH
Dynamic Range (Note 5) DR ‘;S(;I‘;f';'j;'o f)'V'CLK = 12.288MHz, MODE = 97 dB
Total Harmonic Distortion + Noise THD+N q‘g;egw;%fstﬁéizi f('\lg%_z:dio) -83 dB
DAC PLAYBACK PATH TO RECEIVER AMPLIFIER PATH
Dynamic Range (Note 5) DR fg = 48kHz, fycLk = 12.288MHz 100 dB
Total Harmonic Distortion + Noise THD+N fR;;(k:H:ZéZSUT = 20mW, -68 -58 dB
DIFFERENTIAL ANALOG INPUT TO RECEIVER AMPLIFIER PATH
Dynamic Range (Note 5) DR 90 96 dB
Total Harmonic Distortion + Noise THD+N -71 dB
VspkvpD = 2.8V to 5.5V 80
Power-Supply Rejection Ratio PSRR f=217Hz 4 dB
(Note 3) VRiPPLE = 100mVpp  |f=1kHz 77
f=10kHz 69
RECEIVER AMPLIFIER (Note 7) | |
RRrec = 32Q, f = 1kHz, THD < 1%, BIAS_ 97
MODE =0
Output Power PouTt mW
RRrec = 32Q, f = 1kHz, THD < 1%, BIAS_ 74
MODE = 1
Full-Scale Output Ay RECPGA = 0dB (Note 8) 1 VRMS
Receiver Volume Control (PGA) Ay RecpPcA | (Notes 6 and 9) RCVLYOL = 0x00 63 al 595 dB
- RCVLVOL = 0x1F +7.2 +8 +8.75
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MAX98091 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(VavoDp = VHPVDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrcy = o2, RLoUT = °°, RHp = =, ZgpK = =. CrgF = 2.24F, Cpjas = Cmicslas = 1HF, Ccin-c1p = Ccpvpp = Cepvss = THF.
Av_MICPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
+8dB to +6dB 0.5
+6dB to +0dB 1
Volume Control Step Size 0dB to -14dB 2 dB
-14dB to -38dB 3
-38dB to -62dB 4
Mute Attenuation f=1kHz 85 97 dB
Output Offset Voltage Vos Ay Rec =-62dB, Tp = +25°C +3 mV
Peak voltage,
A-weighted, Into shutdown -67
Click-and-Pop Level Kcp 32 samples dBV
per second, Out of shutdown -68
Ay Rec =0dB
Capacitive Drive Capability glsocﬁll; Zts:;ed Et ; :iZQ ?82 pF
DAC PLAYBACK PATH TO LINEOUT AMPLIFIER PATH
Dynamic Range (Note 5) DR fg = 48kHz, fycLk = 12.288MHz 100 dB
Total Harmonic Distortion + Noise THD+N ];()zfj\‘/(:,\jsiLuotpl)JJt |=e\1/2|l§g -86 -70 dB
SINGLE-ENDED ANALOG INPUT TO LINE OUT AMPLIFIER PATH
Dynamic Range (Note 5) DR 98 dB
Total Harmonic Distortion + Noise THD+N :;;\‘;:;Sibct’gl} |=e\1/2|l;g -86 dB
VspkvDD = 2.8V to 5.5V 74
Power-Supply Rejection Ratio PSRR f=217Hz 74 dB
(Note 3) VRIPPLE = 100mVp_p |f=1kHz 74
f = 10kHz 73
LINE OUT AMPLIFIER (Note 7)
Full-Scale Output (Note 8) 0.707 VRMS
Line Output Amplifier Gain Av_LOUTAMP -3 dB

www.maximintegrated.com

Maxim Integrated | 15




MAX98091

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

Ultra-Low Power Stereo Audio Codec

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
Line Output Volume RCV_VOL = 0x00 -63 -61 -59.5
A Notes 6 and 9 dB
Control (PGA) v_Loutpea( )[RV VoL = oxiF 472 +8  +8.75
8dB to 6dB 0.5
6dB to 0dB 1
Volume Control Step Size 0dB to -14dB 2 dB
-14dB to -38dB 3
-38dB to -62dB 4
Mute Attenuation f=1kHz 85 97 dB
i R =1kQ 500
Capacitive Drive Capability No ﬁlu?talned LOUT pF
oscillations RLOUT = = 100
DAC PLAYBACK PATH TO SPEAKER AMPLIFIER PATH
Dynamic Range (Note 5) DR 91 dB
. . . f = 1kHz, PoyTt = 200mW, Zgpk = 8Q + )
Total Harmonic Distortion + Noise THD+N 68uH, fycLk = 12.288MHz 70 dB
SPKL to SPKR and SPKR to SPKL,
Crosstalk PouT = 640mW, = 1kHz -104 dB
Output Noise 27 HVRMS
DIFFERENTIAL ANALOG INPUT TO SPEAKER AMPLIFIER PATH
Dynamic Range (Note 5) DR Output referenced to 2VRrps 91 dB
. . . f=1kHz, PoyT = 200mW, )
Total Harmonic Distortion + Noise THD+N Zspi = 80 + 68uH 70 dB
Output Noise 28 HVRMS
VspkvDD= 2.8V to 5.5V 80
2 iecti i f=217Hz 68
Power-Supply Rejection Ratio PSRR dB
(NOte 3) VRlPPLE = 100mVp_p f=1kHz 67
f=10kHz 61
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MAX98091 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN

to Tmax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER | SYMBOL CONDITIONS MIN TYP MAX | UNITS
SPEAKER AMPLIFIER (Note 7)
VspkvpD = 5.0V 1450
f= 1kHz, THD+N | /SPKvDD =42V 1000
=1%, Zgpk = 8Q |VspkvpD = 3.7V 780
+ 68uH v _
SPKVDD = 3.3V 600
V =3.0vV 500
Output Power PouTt SPKVDD mwW
VspkvpD = 5.0V 1800
f= 1kHz, THD+N | YSPKVDD =42V 1250
=10%, Zspk = 8Q| VspkvpD = 3.7V 970
+ 68uH VspKVDD = 3.3V 760
VspkvpD = 3.0V 620
VspkvpD = 5.0V 2600
f= 1kHz, THD+N | /SPKVDD = 4.2V 1800
=1%, Zgpk =4Q |VspkvpD = 3.7V 1400
+ 33uH VspKvDD = 3.3V 1100
V =3.0vV 900
Output Power PouT SPKVDD mwW
VspkvpD = 5.0V 3250
f= 1kHz, THD+N | YSPKVDD =42V 2250
=10%, Zspk = 4Q| VspkvpD = 3.7V 1700
+ 33pH VspKvDD = 3.3V 1350
VspkvpD = 3.0V 1100
Full-Scale Output Av_spk = +6dB (Note 8) 2 VRMS
Speaker Output Amplifier Gain Av_SPKAMP +6 dB
SPVOLL/
Speaker Volume Control (PGA) | A (Notes 6 and 9) SPVOLR = 0x00 Bl o dB
peaker Volume Contro otes 6 an
V_SPKPGA SPVOLL/ 3 4 s
SPVOLR = 0x1F
14dB to 9dB 0.5
+9dB to -6dB 1
Volume Control Step Size -6dB to -14dB 2 dB
-14dB to -32dB 3
-32dB to -48dB 4
Mute Attenuation f=1kHz 76 84 dB
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
Output Offset Voltage Vos Ay SpPKPGA = -62dB, Tp = +25°C +0.5 +4 mV
Peak voltage,
A-weighted, Into shutdown -65
Click-and-Pop Level Kcp 32 samples dBV
per second, Out of shutdown -65
Av_spk = 0dB
DAC PLAYBACK PATH TO HEADPHONE AMPLIFIER PATH
fg = 48kHz, Master or slave 102
Dynamic Range (Note 5) DR fMCLK = mode dB
12.288MHz Slave mode 94
f=1kHz, PoyT = Ryp = 16Q -86 =77
Total Harmonic Distortion + Noise THD+N | 10mW Ryp = 32Q -88 dB
f=1kHz, VoyTt = 1VRMS, RHp = 10kQ -88
f=1kHz, V| = -1dBFS, Ryp = 10kQ -105 dB
Crosstalk HPL to HPR and HPR to HPL, 104 dB
PouT = 5mW, f = 1kHz, Ryp = 32Q
VavpD = VHPvDD = 1.65V to 2.0V 80
Power-Supply Rejection Ratio f=217Hz 79
s PSRR | VRippLE = 100mVp.p, [(Z g - dB
Ay pp =0dB
- f=10kHz 74
MODE = 0 (voice)
8kHz 22
1kHz, 0dB input, '1\/'6?(35 = 0 (voice) 11
. . . Z
DAC Path Phase Delay highpass filter dls_apled ms
measured from dlgltal MODE =1 (mUSiC)
input to analog output | g, 1, 4.5
MODE = 1 (music)
48kHz 0.76
Gain Error 1 5 %
Channel Gain Mismatch 1 %
SINGLE-ENDED ANALOG INPUT TO HEADPHONE AMPLIFIER PATH
Dynamic Range (Note 5) Av_LINE = 0dB Ay Hppga =0dB 101 dB
Total Harmonic Distortion + Noise THD+N | V|N =250mVRps, f =1kHz -80 dB
HPL to HPR and HPR to HPL,
Crosstalk PouT = 5mW, f = 1kHz, Ryp = 320 -94 dB
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
VavbpDp = VHpvDD = 1.65V to 2.0V 60
Power-Supply Rejection Ratio f=217Hz 61
(Note 3) PSRR  |VRippLE = 100mVpp, o 61 9
Av_TOTAL = 0dB
f=10kHz 60
HEADPHONE AMPLIFIER (Note 7)
Ryp = 16Q 20 40
Output Power PouT f=1kHz, THD = 1% mwW
Rpyp = 32Q 30
Ryp = 16Q, Poyt = 10mW, f = 1kHz -88 =77
Total Harmonic Distortion + Noise THD+N Ryp = 10k, VouT = 1VRMS: 88 dB
f=1kHz
Full-Scale Output Aynp = 0dB (Note 8) 1 VRMS
Headoh Vol Control (PGA) | A HPVOL_ = 0x00 -68 -67 -65 4B
eadphone Volume Contro
P V-HPPGA ThpvoL_ = ox1F 225 3 35
+3dB to +1dB 0.5
+1dB to -5dB 1
Volume Control Step Size -5dB to -19dB 2 dB
-19dB to -43dB 3
-43dB to -67dB 4
Mute Attenuation f=1kHz 110 dB
Tp =+25°C +0.5 +1
Output Offset Voltage Vos AV_HP =-67dB mV
Ta =TwmiN to Tmax +3
i Ryp = 320 500
Capacitive Drive Capability No ?luiltalned HP pF
oscillations Ryp = = 100
Peak voltage,
A?vseig\;/ﬁt:c?e Into shutdown -73
Click-and-Pop Level Kep 32 samples dBV
per second, t of shut 7
Ay np = -67dB Out of shutdown 3
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
JACK DETECTION
MICBIAS enabled 0.80x  0.95x  0.98x
) VmicBlAs VMICBIAS VMICBIAS
JACKSNS High Threshold VTH_HIGH Vv
MICBIAS disabled 080x = 0.95x  0.98x
VspkvbD VspkvbD VsPkvDD
MICBIAS enabled 0.06x  0.10x  0.17x
VMicBIAS VMICBIAS VMICBIAS
JACKSNS Low Threshold VTH_Low \%
MICBIAS disabled 0.06x = 0.10x  0.17x
VspkvbD VspkvbD VsPkvDD
JACKSNS Sense Voltage Vsense | MICBIAS disabled VspKvDD Vv
JACKSNS Strong Pullup Rspu | MICBIAS disabled, JDWK = 0 1.9 2.4 2.7 kQ
Resistance
JACKSNS Weak Pullup Current lwpu MICBIAS disabled, JDWK = 1 5 12 pA
, , JDEB = 00 25
JACKSNS Glitch Debounce Period |  tgLITCH ms
JDEB =11 200
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MAX98091 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications

(VAVDD = VHPVDD = VDVDDIO =1.8V, VDVDD= 1.2V, VSPKVDD = 3.7V. Receiver load (RRCV) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT = °°, RHp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL = Av_DACGAIN = 0dB, Ay_MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Tp = TN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
RECORD PATH LEVEL CONTROL
Record Level Adjust Range Av apcLvL | AVL/AVR = OxF to 0x0 (Note 6) -12 +3 dB
Record Level Adjust Step Size 1 dB
Record Gain Adjust Range Av_ADCGAIN | AVLG/AVRG = 0x0 to 0x3 (Note 6) 0 42 dB
Record Gain Adjust Step Size 6 dB
RECORD PATH VOICE MODE IIR LOWPASS FILTER (MODE = 0)
Ripple limit cutoff o)'(ﬁ::‘
Passband Cutoff fPLP Hz
-3dB cutoff O)'(4ég
Passband Ripple f<fpLp -0.1 0.1 dB
Stopband Cutoff fsLp ?(?87 Hz
Stopband Attenuation f>fgLp 74 dB
RECORD PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 0, f_ rcLK < 48kHz)
Ripple limit cutoff ?(?s
Passband Cutoff fpLp -3dB cutoff ?(?: Hz
-6.02dB cutoff )?fz
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp (3(?88 Hz
Stopband Attenuation f<fgLp 60 dB
RECORD PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 1, f_ rcLk > 48kHz)
Ripple limit cutoff 0)'(2f(;8
Passband Cutoff fPLp Hz
-3dB cutoff 3?38
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp ?(?55 Hz
Stopband Attenuation f<fgLp 60 dB
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MAX98091

Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)
(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN

to Tmax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

Size

PARAMETER | symBoL | CONDITIONS | MIN  TYP  MAX | UNITS
RECORD PATH DC-BLOCKING HIGHPASS FILTER
DC Attenuation | Ay apcHprF | AHPF = 1 90 dB
RECORD PATH PROGRAMMALE BIQUAD FILTER
Preattenuator Gain Range -15 0 dB
Preattenuator Step Size 1 dB
Highpass filter 0.0008
X fs
High-frequency shelving filter 0.02
X fs
Cutoff Frequency Lowpass filter 0)'(0;;2 Hz
Low-frequency shelving filter 0.0008
x fg
Peak filter 0.0008
x fg
Quality Factor Q Peak filter 10
DIGITAL SIDETONE: RECORD PATH TO PLAYBACK PATH (MODE = 0)
Sidetone Level Adjust Range Ay sTvL | DVST = 0x1F to 0x01 -60.5 -0.5 dB
Sidetone Level Adjust Step Side 2 dB
= - i fs = 8kHz 1.8
Sidetone Path Phase Delay fIN 1kHZ.’ ful §cale amplitude, |5 ms
highpass filter disabled fg = 16kHz 0.9
PLAYBACK PATH LEVEL CONTROL
Playback Path Attenuation Av DACLVL | DV = OXF to 0x0 (Note 6) 15 0 dB
Range -
Playback Path Attenuation Step
. 1 dB
Size
Playback Path Gain Adjust Av DACGAIN | DVG = 00 to 11 (Note 6) 0 18 dB
Range -
Playback Path Gain Adjust Step 6 dB
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MAX98091 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)

(Mavpbp = VHPvDD = Vpvbpio = 1.8V, Vpypp= 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLouT = =2, Ryp = =, Zgpk = «. CReF = 2.2uF, Cg|as = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_aDcCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, AV RCV ~— A\/ LOUT = A\/ HP ~= AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL | CONDITIONS MIN TYP MAX | UNITS
PLAYBACK PATH VOICE MODE IIR LOWPASS FILTER (MODE = 0)
Ripple limit cutoff 0).:‘}48
Passband Cutoff fpLp 0 4:1 Hz
-3dB cutoff )
X fS
Passband Ripple f<fpLp -0.1 +0.1 dB
0.476
Stopband Cutoff faLp X fs Hz
Stopband Attenuation (Note 11) f>fg p 75 dB
PLAYBACK PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 0, f| rcLk < 48kHz)
Ripple limit cutoff 0.43
x fg
0.47
Passband Cutoff fPLp -3dB cutoff X fs Hz
-6.02dB cutoff 0-5
x fg
Passband Ripple f<fpLp -0.1 +0.1 dB
0.58
Stopband Cutoff fsLp X fs Hz
Stopband Attenuation (Note 11) f>fgLp 60 dB
PLAYBACK PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE1 = 1, DHF =1 for f rcLk > 48kHz)
fpLp Ripple limit cutoff 3?4
Passband Cutoff 0 381 Hz
-3dB cutoff '
x fg
Passband Ripple f<fpLp -0.1 +0.1 dB
0.477
Stopband Cutoff fsLp X fs Hz
Stopband Attenuation (Note 11) f<fgLp 60 dB
PLAYBACK PATH DC-BLOCKING HIGHPASS FILTER
DC Attenuation | DHPF =1 89 dB

www.maximintegrated.com

Maxim Integrated | 23



MAX98091 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)

(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLouT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_ =Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADcCGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av Hp = Ay spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
PLAYBACK PATH DYNAMIC RANGE CONTROL
Gain Range 0 12 dB
Compression Threshold -31 0 dBFS
Expansion Threshold -66 -35 dBFS
Attack Time 0.0005 0.2 S
Release Time 0.0625 8 S
PLAYBACK PATH PARAMETRIC EQUALIZER
Number of Bands 7 Bands
Per Band Gain Range -12 +12 dB
Preattenuator Gain Range -15 0 dB
Preattenuator Step Size 1 dB
Highpass filter 0.0008
X fS
High-frequency shelving filter 0.02
X fS
Cutoff Frequency Lowpass filter 0)'((122 Hz
Low-frequency shelving filter 0.0008
X fs
Peak filter 0.0008
x fg
Quality Factor Q Peak filter 10
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MAX98091

Ultra-Low Power Stereo Audio Codec

Digital Input/Output Characteristics
(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL CONDITIONS | MIN TYP MAX | UNITS

MCLK

Input High Voltage ViH 1.26 \%

Input Low Voltage VL 0.6 \%

Input Leakage Current ligs VpvppIo = 2.0V, Ta = +25°C -1 +1 MA

Input Capacitance 10 pF

SDIN, BCLK, LRCLK (Input)

Input High Voltage ViH 0.7x V

VbvDDIO

Input Low Voltage VL 0.3x \Y
VbvDDIO

Input Hysteresis 100 mV

Input Leakage Current ligs Vpvppio = 3.6V, Ta = +25°C -1 +1 MA

Input Capacitance 10 pF

BCLK, LRCLK, SDOUT (Output)

Output High Voltage VoH lon = 3MA VD_VODE'O Vv

Output Low Voltage VoL loL =3mA 0.4 \

VpvpDIo = 2.0V, Ta = +25°C, _

Input Leakage Current ligs high-impedance state 1 +1 MA

SDA, SCL (Input)

Input High Voltage Vi 0.7x \%

VbvDDIO

Input Low Voltage VL 0.3x \Y
VbvDDIO

Input Hysteresis 100 mV

Input Leakage Current ligs Vpvppio = 2.0V, Ta = +25°C -1 +1 MA

Input Capacitance 10 pF

SDA, IRQ (Output)

Output Low Voltage V V| =1.65V, lpyq = 3mA 0.2x \%

oL DVDDIO . » IOH VDVDDIO
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MAX98091

Ultra-Low Power Stereo Audio Codec

Digital Input/Output Characteristics (continued)
(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
Output High Current lon Vpvppio = 1.65Y, IgL = 3mA 1 MA
DMD1, DMD2 INPUT
Input High Voltage Viy 0-7x Vv
Vpbvbbio
Input Low Voltage VL 0-3x Y
VbvDDIO
Input Hysteresis 100 mV
Input Leakage Current ligs Vpvppio = 2.0V, Ta = +25°C -25 +25 MA
Input Capacitance 10 pF
DMC1, DMC2 OUTPUT
Output High Voltage Vou lon = 3mA V?Vgg'o v
Output Low Voltage VoL loL = 3mA 0.4 \Y
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MAX98091 Ultra-Low Power Stereo Audio Codec

Input Clock Characteristics

(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT = *°, RHp = =, Zgpk = «. CreF = 2.24F, Cpjas = Cmicslas = 1HF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, AV_RCV =Ay LouT =Av Hp =Av spk = 0dB. fpmeLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = Tpmin
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL | CONDITIONS | MIN TYP MAX | UNITS
INPUT CLOCK CHARACTERISTICS

fg = 8kHz, voice mode filters

(MODE = 0) 2.048 60
MCLK Input Frequency fMCLK IﬁﬂggsEkEﬁ’)m”S'c mode fiters 10 60 MHz
fg = 96kHz, music mode filters
(MODE = 1) 12.288 60
PSCLK = 01 40 50 60
MCLK Input Duty Cycle %
PSCLK = 10 or 11 30 70
Maximum MCLK Input Jitter 1 ns
DHF =0 8 48
LRCLK Sample Rate (Note 12) fLRCLK DHF = 1 15 %6 kHz
DAI LRCLK Average Frequency FREQ = 0x8 to OxF 0 0 o
(o]
Error (Note 13) FREQ = 0x0 -0.025 +0.025
8kHz < fg < 48kHz, voice OSR =
mode filters (MODE = 0), 128 or 64 256 x fg

DHF =0

8kHz < fg < 48kHz, music| OSR =128 | 256 x fg
mode filters (MODE = 1), frcLk

DHF =0 OSR =64 | 208 xfg

Minimum PCLK to LRCLK
Frequency Ratio

48kHz < fg < 96kHz,
music mode filters (MODE| OSR =64 | 128 x fg
=1), DHF = 1 (OSR)

PLL Lock Time 2 7 ms

Maximum LRCLK Input Jitter
to Maintain PLL Lock

Soft-Start/Stop Time 10 ms

+100 ns
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MAX98091

Ultra-Low Power Stereo Audio Codec

Digital Audio Interface Timing Characteristics
(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
DIGITAL AUDIO INTERFACE TIMING CHARACTERISTICS
BCLK Cycle Time tBCLK Slave mode 80 ns
BCLK High Time tBCLKH Slave mode 20 ns
BCLK Low Time tBCLKL Slave mode 20 ns
?;:‘_E;;LRCLK Rise and tr, tf Master mode, C|_ = 15pF 5 ns
SDIN to BCLK Setup Time tSETUP 20 ns
LRCLK to BCLK Setup Time tsyncseT | Slave mode 20 ns
SDIN to BCLK Hold Time tHoLD 20 ns
LRCLK to BCLK Hold Time tsyNcHoOLD | Slave mode 20 ns
TDM =1 20
Minimum Delay Time from LSB TDM =1, FSW = 1 20
BCLK Falling E High- M rm n
Irr?pedar?ce gtaﬁage o zouT aefermece om = 1.FSW=0 20 )
TDM =0, DLY =1 20
;RD?)'[J’;F:;ISS';QDE’;E; o tsyNeTX | C = 30pF, TDM = 1, FSW = 1 40 ns
TQM =1, BCLK 50
BCLK to SDOUT Delay toLKTX C = 30pF rising edge ns
TDM =0 50
TDM =1 -15 +15
Delay Time from BCLK to LRCLK tcLksync | Master mode TDM =0 t()_8 X ns
BCLK
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Figure 1. I12S Audio Interface Timing Diagrams (TDM = 0)
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Figure 2. TDM Audio Interface Short Mode Timing Diagram (TDM = 1, BCl = 1)
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MAX98091 Ultra-Low Power Stereo Audio Codec

I2C Timing Characteristics

(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypb = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (RHP) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT = =, RHp = e, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicias = 1HF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
12C TIMING CHARACTERISTICS
Serial Clock Frequency fscL ::;La;;:]eed by SCL pulse width low 0 400 kHz
Bus Free Time Between STOP t 13 s
and START Conditions BUF ' H
Hold Time (Repeated) START
Condition tHD,STA 0.6 HS
SCL Pulse-Width Low tLow 1.3 Ms
SCL Pulse-Width High tHIGH 0.6 Ms
Setup Time for a Repeated START t 06 s
Condition SU.STA ' H
Rpy = 475Q, Cg = 100pF, 400pF 0 900
Data Hold Time tHD,DAT Transmitting 0 900 ns
Receiving 0
Data Setup Time tsu,DAT 100 ns
- . ) 20+ 0.1
SDA and SCL Receiving Rise Time R (Note 14) X Cg 300 ns
- ) 20+ 0.1
SDA and SCL Receiving Fall Time te (Note 14) X Cg 300 ns
- ) Rpy =475Q, Cg = 100pF to 400pF 20+ 0.1
SDA Transmitting Fall Time te (Note 14) X Cg 250 ns
Setup Time for STOP Condition tsu,sTo 0.6 Ms
Bus Capacitance Ca g-}r:zranteed by SDA transmitting fall 400 oF
Pulse Width of Suppressed Spike tsp 0 50 ns
N
| | | I . [
‘»: ouowr | tsu’sm# §<—>~:1HD,STA > i*tsp , '
P e > A P ¥ Lsu‘sms*ﬂi
THD,STA»? f - * * *
trR tF
START CONDITION REPEATED START STOP START
CONDITION CONDITION ~ CONDITION

Figure 3. I12C Interface Timing Diagram
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MAX98091 Ultra-Low Power Stereo Audio Codec

Digital Microphone Timing Characteristics

(Mavbp = VHPVDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vspkyvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLouT = =2, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicaias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_aDCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, AV RCV ~— A\/ LOUT = A\/ HP ~= AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
DIGITAL MICROPHONE TIMING CHARACTERISTICS
MICCLK = 000 fpoLk/2
MICCLK = 001 fpoLk/3
DMC fouic MICCLK =010 fpoLk/4 MHz
MICCLK = 011 fpoLk/5
MICCLK = 100 fpoLk/6
MICCLK = 101 fpoLk/8
DMD to DMC Setup Time tsu,miC Either clock edge 20 ns
DMD to DMC Hold Time tHD,MIC Either clock edge 0 ns

a—— fouc —»
DMC / ‘ ‘
o tsuic! !
P
‘ } "D MIC} tsumic*

DMD LEFT >< RIGHT >< LEFT >< RIGHT ><

Figure 4. Digital Microphone Timing Diagram

Note 2: The MAX98091 is 100% production tested at Tp =+25°C. Specifications over temperature limits are guaranteed by design.

Note 3: BIAS derived from a bandgap reference (BIAS_MODE = 1).

Note 4: Analog supply current = AVDD + HPVDD, speaker supply current = SPKVDD and digital supply current = DVDD +
DVDDIO.

Note 5: Dynamic range measurements are performed with the EIAJ method (a -60dBFS output signal at 1kHz, A-weighted and nor-
malized to 0dBFS; f = 20Hz — 20kHz).

Note 6: Gain measured relative to the 0dB setting.

Note 7: Performance measured using DAC Inputs, unless otherwise stated.

Note 8: Full-scale analog output with 0dB of programmable gain, and a 0dBFS DAC input amplitude, a 1VRryg differential analog
input amplitude, or a 0.5VR\s single-ended analog input amplitude.

Note 9: Performance measured using an analog input to amplifier output path.

Note 10: Digital filter performance is invariant over temperature and production tested at Tp = +25°C.

Note 11: The filter specification is accurate only for synchronous clocking modes (integer MCLK to LRCLK ratio).

Note 12: f_ rcLk may be any rate in the indicated range. Asynchronous and non-integer f\cLk/fLRcLK ratios can exhibit some full-
scale performance degradation compared to synchronous integer ratios.

Note 13: In master-mode operation, the accuracy of the MCLK input proportionally determines the accuracy of the sample clock rate.

Note 14: Cp is in pF.
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MAX98091 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption
(Mavpp = VHPVDD = Vpvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V, slave mode operation.)

DEVICE MODE AND lavop | Hpvop | Ibvop | Ibvobio | Ispkvbp | POWER DJEQGMI'EC

CONFIGURATION (mA) (mA) (mA) (mA) (mA) (mW) (dB)

DIGITAL AUDIO INPUT TO PLAYBACK PATH TO HEADPHONE OUTPUT (MUSIC FILTERS)

Stereo DAC Playback to Headphone Output
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music 1.41 1.28 1.28 0.02 0.00 6.41 102
Filters, R_oaD = 32Q

Stereo DAC Playback to Headphone Output
fvcLK = 12.288MHz, fg = 48kHz, 20-bit, Music 0.96 | 0.51 128 | 0.02 0.00 4.23 99
Filters, R_oap = 32Q, Low-Power Mode
Stereo DAC Playback to Headphone Output
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, 1.41 1.28 1.37 0.02 0.00 6.51 102
R oaD = 32Q Dynamic Range Control Enabled
Stereo DAC Playback to Headphone Output
fmcLK = 12.288MHz, fg = 48kHz, 20-bit, Music 1.41 1.28 1.91 0.02 0.00 7.15 102
Filters, R_oap = 32QParametric Equalizer Enabled
Stereo DAC Playback to Headphone Output
fmcLK = 12.288MHz, fg = 96kHz, 20-bit, Music 1.41 1.28 1.45 0.02 0.00 6.62 102
Filters, R_oaD = 32Q

Stereo DAC Playback to Headphone Output

fmcLk = 13MHz, fg = 44.1kHz, 20-bit, Music Filters, | 1.40 | 1.28 | 115 | 0.02 0.00 6.23 102
RLoaDp = 32Q

Stereo DAC Playback to Headphone Output

fmcLk = 13MHz, fg = 44.1kHz, 20-bit, Music Filters, | 0.96 | 0.52 | 1.18 | 0.02 0.00 4.10 99

RLoaD = 32Q, Low-Power Mode
DIGITAL AUDIO INPUT TO PLAYBACK PATH TO HEADPHONE OUTPUT (VOICE FILTERS)
Stereo DAC Playback to Headphone Output

fmcLk = 13MHz, f5 = 8kHz, 16-bit, Voice Filters, 1.42 1.28 117 0.02 0.00 6.28 101
RLoaDp = 32Q

Stereo DAC Playback to Headphone Output

fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, 0.97 0.51 117 0.02 0.00 4.10 98.5

RLoaDp = 32Q, Low-Power Mode
Mono DAC Playback to Headphone Output

fumcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, 0.81 0.70 1.07 0.02 0.00 4.03 101
RLoaD = 32Q

Mono DAC Playback to Headphone Output

fumcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, 0.59 0.31 1.07 0.02 0.00 2.92 98.5

RLoaDp = 32Q, Low-Power Mode
Stereo DAC Playback to Headphone Output

fmcLk = 13MHz, fg = 16kHz, 16-bit, Voice Filters, 1.41 1.28 1.28 0.02 0.00 6.39 99
RLoaD =32Q

Stereo DAC Playback to Headphone Output

fmcLk = 13MHz, fg = 16kHz, 16-bit, Voice Filters, 0.96 0.51 1.27 0.02 0.00 4.21 97

RLoaD = 32Q, Low-Power Mode

www.maximintegrated.com Maxim Integrated | 32



MAX98091 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(Mavpp = VHPVDD = Vpvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V, slave mode operation.)

DEVICE MODE AND lavop | Hpvop | Ibvop | Ibvobio | Ispkvbp | POWER DJEQGMI'EC

CONFIGURATION (mA) (mA) (mA) (mA) (mA) (mW) (dB)

DIGITAL AUDIO INPUT TO PLAYBACK PATH TO SPEAKER OUTPUT

Stereo DAC Playback to Speaker Output
fmcLK = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, | 1.24 0.00 1.28 0.02 2.27 12.16 91
RLoaD = 8Q, L oaD = 68uH

Stereo DAC Playback to Speaker Output
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, 0.94 0.00 1.28 0.02 2.27 11.62 91
RioaDp = 8Q, L oap = 68uH, Low Power Mode
Mono DAC Playback to Speaker Output
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, 0.67 0.00 1.14 0.02 117 6.94 91
RLoaD = 8Q, L oaD = 68uH

Mono DAC Playback to Speaker Output
fucLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, 0.53 0.00 1.14 0.02 117 6.68 91
RiLoaDp = 8Q, L oap = 68uH, Low-Power Mode
Stereo DAC Playback to Speaker Output
fmcLk = 12.288MHz, fg = 96kHz, 20-bit, Music Filters, 1.24 0.00 1.45 0.02 2.27 12.38 91
RLoAD =8Q, L oap = 68uH

Stereo DAC Playback to Speaker Output
fmcLk = 13MHz, fg = 44.1kHz, 20-bit, Music Filters, 1.24 0.00 1.15 0.02 2.27 11.99 91
RLoaD =8Q, L oaD = 68uH
ANALOG AUDIO LINE INPUT TO DIGITAL RECORD PATH OUTPUT
Stereo Differential Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters

Stereo Differential Line Input to Record Path

fucLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, | 1.99 | 0.00 | 1.68 | 0.16 0.00 5.88 98
Low-Power Mode

3.14 0.00 1.68 0.16 0.00 7.91 98

Stereo Differential Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters 3.13 0.00 1.75 0.16 0.00 8.00 98
Digital Biquad Filter Enabled

Mono Differential Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters
Stereo Single-Ended Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters
Stereo Single-Ended Line Input to Record Path

fvcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters | 2.04 0.00 1.65 0.18 0.00 5.97 97
Low-Power Mode

1.89 0.00 1.40 0.10 0.00 5.25 98

3.23 0.00 1.65 0.17 0.00 8.06 97

Stereo Single-Ended Line Input to Record Path
fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters
Stereo Single-Ended Line Input to Record Path

fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters 1.74 0.00 1.04 0.05 0.00 4.48 97
Low-Power Mode

2.93 0.00 1.04 0.05 0.00 6.59 98
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MAX98091 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(Mavpp = VHPVDD = Vpvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V, slave mode operation.)

DEVICE MODE AND lavop | IHpvop | Ibvop | Ibvobio | Ispkvbp | POWER DJEQGMI'EC

CONFIGURATION (mA) (mA) (mA) (mA) (mA) (mW) (dB)

ANALOG MICROPHONE INPUT TO DIGITAL RECORD PATH OUTPUT (MUSIC FILTERS)
Stereo Analog Microphone Input to Record Path
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters

Stereo Analog Microphone Input to Record Path

fvmcLK = 12.288MHz, f5 = 48kHz, 20-bit, Music Filters, | 2.25 0.00 1.68 0.14 0.00 6.29 97
Low-Power Mode

3.54 0.00 1.67 0.14 0.00 8.57 97

Mono Analog Microphone Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters
Mono Analog Microphone Input to Record Path
fmcLK = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, | 1.37 0.00 1.36 0.08 0.00 4.25 97
Low-Power Mode
ANALOG MICROPHONE INPUT TO DIGITAL RECORD PATH OUTPUT (VOICE FILTERS)
Stereo Analog Microphone Input to Record Path
fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters
Stereo Analog Microphone Input to Record Path

fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, 1.94 0.00 1.14 0.06 0.00 4.97 98
Low-Power Mode

2.05 0.00 1.36 0.10 0.00 5.49 97

3.24 0.00 1.13 0.04 0.00 7.23 99

Mono Analog Microphone Input to Record Path
fmcoLk = 13MHz, fs = 8kHz, 16-bit, Voice Filters
Mono Analog Microphone Input to Record Path

fumcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, 1.22 0.00 1.05 0.03 0.00 3.51 98
Low-Power Mode

1.90 0.00 1.05 0.04 0.00 4.73 99

Stereo Analog Microphone Input to Record Path
fmcoLk = 13MHz, fg = 16kHz, 16-bit, Voice Filters
Stereo Analog Microphone Input to Record Path

fmcLk = 13MHz, fg = 16kHz, 16-bit, Voice Filters, 2.00 0.00 1.32 0.06 0.00 5.29 97
Low-Power Mode

3.30 0.00 1.30 0.05 0.00 7.55 98

Mono Analog Microphone Input to Record Path
fmcLk = 13MHz, fg = 16kHz, 16-bit, Voice Filters
Mono Analog Microphone Input to Record Path

fmcLk = 13MHz, fg = 16kHz, 16-bit, Voice Filters, 1.25 0.00 1.12 0.04 0.00 3.66 97
Low-Power Mode

1.93 0.00 1.12 0.04 0.00 4.89 98
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MAX98091

Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)

(Vavop = VHPvDD = Vpvopio = 1.8V, Vpypp = 1.2V, Vspkyvpp = 3.7V, slave mode operation.)

(RLoap = 10kQ)

DEVICE MODE AND lavbp | HpvDD | Iovop | Iovopio | Ispkvop | POWER | DYNAMIC
RANGE
CONFIGURATION (mA) (mA) (mA) (mA) (mA) (mW) (dB)
ANALOG AUDIO INPUT DIRECT TO DIGITAL RECORD PATH OUTPUT
Stereo Differential Input Direct to Record Path
) o 2.88 0.00 1.69 0.13 0.00 7.44 99
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters
Stereo Differential Input Direct to Record Path
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, | 1.86 0.00 1.68 0.14 0.00 5.60 98
Low-Power Mode
Mono Differential Input Direct to Record Path
] o 1.64 0.00 1.36 0.07 0.00 4.71 99

fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music Filters
Mono Differential Input Direct to Record Path
fmcLK = 12.288MHz, fg = 48kHz, 20-bit, Music Filters, | 1.11 0.00 1.36 0.08 0.00 3.77 98
Low-Power Mode
ANALOG AUDIO INPUT TO ANALOG AUDIO OUTPUT
Stereo Single-Ended Line Input to Headphones

1.16 2.48 0.14 0.02 0.00 6.72 99
(RLoaD = 320Q)
Mono Single-Ended Line Input to Headphones

0.74 1.25 0.14 0.02 0.00 3.79 99
(RLoaD = 320Q)
Stereo Differential Line Input to Headphones

1.1 1.27 0.14 0.02 0.00 4.48 100
(RLoaD = 320Q)
Stereo Differential Line Input to Speaker Output

0.36 0.00 0.14 0.02 2.27 9.22 91
(RLoAD = 8Q, L oaD = 68uH)
Mono Differential Line Input to Speaker Output

0.32 0.00 0.14 0.02 1.17 4.33 91
(RLoAD = 8Q, L oaD = 68uH)
Stereo Single-Ended Line Input to Line Output

0.76 0.00 0.14 0.02 0.76 4.39 99
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MAX98091 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(Vavop = VHPvDD = Vpvopio = 1.8V, Vpypp = 1.2V, Vspkyvpp = 3.7V, slave mode operation.)

DEVICE MODE AND lavop | IHpvbD | Iovop | Ibvopio | Ispkvop | POWER | DYNAMIC
RANGE
CONFIGURATION (mA) (mA) (mA) (mA) (mA) (mW) (dB)

FULL-DUPLEX AUDIO OPERATION

Mono Full Duplex: Analog Microphone Input

to Record Path and DAC Playback to Receiver )
REC: 99

Output 2.89 0.00 1.16 0.04 0.75 9.46 PB: 100

fmcoLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, ’

RLoap =32Q

Mono Full Duplex: Analog Microphone Input

to Record Path and DAC Playback to Receiver )
REC: 99

Output 2.07 0.00 1.18 0.04 0.75 8.00 PB: 98

fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, ’

RLoaD = 32Q, Low-Power Mode

Mono Full Duplex: Analog Microphone Input to

Record Path and DAC Playback to Headphone )
REC: 97

Output 2.82 1.28 1.47 0.1 0.00 9.27 PB: 102

fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music '

Filters, R_oaD = 32Q

Mono Full Duplex: Analog Microphone Input to

Record Path and DAC Playback to Headphone )
REC: 97

Output 1.85 0.50 1.47 0.08 0.00 6.15 PB: 99

fmcLk = 12.288MHz, fg = 48kHz, 20-bit, Music '

Filters, R_oaD = 32Q, Low-Power Mode

Mono Full Duplex: Analog Microphone Input to

Record Path and DAC Playback to Headphone )
REC: 99

Output 2.75 1.28 1.05 0.04 0.00 8.54 PB: 102

fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, ’

RLoaDp = 32Q

Mono Full Duplex: Analog Microphone Input to

Record Path and DAC Playback to Headphone )
REC: 99

Output 1.79 0.51 1.05 0.04 0.00 5.45 PB: 99

fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, ’

RLoaD = 32Q, Low-Power Mode

Stereo Full Duplex: Analog Microphone Input to

Record Path and DAC Playback to Headphones REC: 99

) ) ) 4.58 1.28 1.15 0.00 0.00 11.81

fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, PB: 102

RLoap = 32Q

Stereo Full Duplex: Analog Microphone Input to

Record Path and DAC Playback to Headphones REC: 99

) ) ) 2.85 0.51 1.15 0.07 0.00 7.52
fmcLk = 13MHz, fg = 8kHz, 16-bit, Voice Filters, PB: 99
RLoaD = 32Q, Low-Power Mode
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MAX98091

Typical Operating Characteristics

(Mavbp = VHPVDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vspkvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT = =, RHp = =, Zgpk = <. CrgF = 2.2pF, Cgjas = Cmicsias = 1HF, Ccin-c1p = Ccpvpb = Cepyss = 1WF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aDcGAIN = 0dB, Ay pacLvL = Av_DACGAIN = 0dB, Ay_MmIxGAIN
= 0dB, AV RCV = A\/ LOUT = A\/ HP ~= AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

THD+N RATIO (dB)

THD+N RATIO (dB)

Ultra-Low Power Stereo Audio Codec

ANALOG MICROPHONE INPUT TO ADC RECORD PATH OUTPUT

TOTAL HARMONIC DISTORTION PLUS
NOISE vs. FREQUENCY (MIC TO ADC)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)
(Vavpp = VHPVDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRcv = =, RLoUT = =, RHp = =, Zgpk = =. CReF = 2.2WF, Cpias = Cmiceias = 1UF, Ccin-c1p = Ccpvbb = Cepvss = THF.
Av_MICPRE_ =Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay _apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL = Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fycLk = 12.288MHz, fi rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tax unless otherwise noted. Typical values are at Ta = +25°C.) (Note 2)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(VavoDp = VHPVDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRcv = =, RLOUT = =, RHp = =, Zgpk = =. CReF = 2.24F, Cpias = CmicBias = 1UF, Ccin-c1p = Ccpvbb = Cepvss = THF.
Av_mIcPRE_ = Av_MIcPGA_ = Av_LINEPGA = 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pactLvL = Av_DACGAIN = 0dB, Ay_MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. oLk = 12.288MHz, fi rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN

to Tpax unless otherwise noted. Typical values are at Ty = +25°C.) (Note 2)
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MAX98091

Typical Operating Characteristics (continued)

Ultra-Low Power Stereo Audio Codec

(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLoUT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = TMF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL = Av_DACGAIN = 0dB, Ay_MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

THD+N RATIO (dB)

QUTPUT AMPLITUDE (dBFS)

www.maximintegrated.com

-100
-120
-140
-160

TOTAL HARMONIC DISTORTION
PLUS NOISE vs. FREQUENCY
(DIGITAL MIC TO RECORD PATH)

T T T 2
| fvoLk = 13MHz §
fLRCLK = 8KHz g
[~ fomc = 3.25MHz
| Av_pmic = 0dB
VN =-26dBFS |
VN = -3dBFS
\ e |
™~
10 100 1k 10k

FREQUENCY (Hz)

INBAND OUTPUT SPECTRUM,
-60dBFS INPUT
(DIGITAL MIC TO RECORD PATH)

fmMcLK = 13MHz
fLRCLK = 8kHz 7]
fomc = 3.25MHz _|

Av_pmic = 0dB

B

MAX98090 toc22

0 500 1000 1500 2000 2500 3000 3500 4000
FREQUENCY (Hz)

OUTPUT AMPLITUDE (dBFS)

THD+N RATIO (dB)

20

-20
-40
-60
-80
-100
-120
-140
-160

INBAND OUTPUT SPECTRUM,
-10dBFS INPUT
(DIGITAL MIC TO RECORD PATH)

fmMeLK = 13MHz
fLROLK = 8kHz ]
fomc = 3.25MHz _|

Av_pmic = 0dB

MAX98090 toc20

T

0 500 1000 1500 2000 2500 3000 3500 4000
FREQUENCY (Hz)

TOTAL HARMONIC DISTORTION
PLUS NOISE vs. FREQUENCY
(DIGITAL MIC TO RECORD PATH)

T T T ITITT
| fvoLk = 13MHz
fLRCLK = 16kHz
[~ fomc = 3.25MHz
L Av_pwmic = 0dB

IAX98090 toc23

Vi =-3dBFST]

| VN =-26dBFS ]

\

Al

10 100

1k 10k

FREQUENCY (Hz)

OUTPUT AMPLITUDE (dBFS)

OUTPUT AMPLITUDE (dBFS)

20

-20
-40
-60
-80
-100
-120
-140
-160

20

-20
-40
-60
-80
-100
-120
-140
-160

DIGITAL MICROPHONE INPUT TO RECORD PATH OUTPUT

INBAND OUTPUT SPECTRUM,
-26dBFS INPUT
(DIGITAL MIC TO REGORD PATH)

fmeLk = 13MHz
fLRCLK = 8KkHz 7]

fomc =3.25MHz |
Av_pwmic = 0dB

MAX98090 toc21

e

0 500 1000 1500 2000 2500 3000 3500 4000
FREQUENCY (Hz)

INBAND OUTPUT SPECTRUM,
-10dBFS INPUT
(DIGITAL MIC TO RECORD PATH)

fmoLk = 13MHz
fLRoLK = 16kHz 7
fome =3.25MHz _|
Av_pmic =0dB

MAX98090 toc24

FREQUENCY (Hz)

Maxim Integrated | 40



MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT =, RHp = =, Zgpk = . CRrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpvss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp = Av spk = 0dB. fiycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavpp = VHPVDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = e, RLOUT = =, RHp = =, Zgpk = «. CrgF = 2.24F, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpp = Ccpyvss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fiycLk = 12.288MHz, fi rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1WF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fiycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavpp = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrcv = e, RLouT = *°, RHp = =, ZgpK = *. CRgF = 2.24F, Cpjas = CmicBlas = 1HF, Ccin-c1p = Ccpvpp = Cepyss = THF.
Av_MICPRE_ =Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay _apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL = Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. oLk = 12.288MHz, fi rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tax unless otherwise noted. Typical values are at Ta = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT =, RHp = =, Zgpk = . CRrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpvss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL = Av_DACGAIN = 0dB, Ay_MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp = Av spk = 0dB. fiycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT =, RHp = =, Zgpk = . CRrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpvss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp = Av spk = 0dB. fiycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavpp = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLOUT = =, RHp = =, Zgpk = «. CrgF = 2.24F, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay _MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. ficLk = 12.288MHz, fi rcLk = 48kHz, MAS = 0, 20-bit source data. Tp = TN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091

Typical Operating Characteristics (continued)

(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)
(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavpp = VHPVDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vspkyvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrcy = e, RLouT =, RHp = =, Zgpk = . CReF = 2.24F, Cpjas = Cmicslas = 1HF, Ccin-c1p = Ccpvbp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ =Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay mixGAIN
= OdB, A\/ RCV = AV LOUT = AV HP = A\/ SPK = 0dB. fMCLK = 12.288MHZ, fLRCLK = 48kHZ, MAS = 0, 20-bit source data. TA = TMIN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(VavpDp = VHPVDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vspkyvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrcv = =, RLouT = =, RHp = =, Zgpk = . CreF = 2.2uF, Cpjas = Cmicelas = 1HF, Ccin-c1p = Ccpvop = Cepvss = 1HF.
Av_MICPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aDcGAIN = 0dB, Ay_pacLvL = Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, A\/ RCV = A\/ LOUT = A\/ HP ~= A\/ SPK = 0dB. fMCLK = 12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax unless otherwise noted. Typical values are at Ty = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPVDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLouT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO SPEAKER OUTPUT (continued)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPVDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLoUT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Tp = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Mavbp = VHPvDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vgpkyvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLouT = =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicaias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MmIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, AV RCV ~— A\/ LOUT = A\/ HP = AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Mavbp = VHPvDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vgpkyvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLouT = =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicaias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MmIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, AV RCV ~— A\/ LOUT = A\/ HP = AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO SPEAKER OUTPUT (continued)
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MAX98091

Typical Operating Characteristics (continued)

Ultra-Low Power Stereo Audio Codec

(Vavpp = VHPVDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vspkvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrcy = e, RLouT = °°, Ryp = =, Zgpk = «. CRreF = 2.24F, Cgjas = Cmicslas = 1WF, Ccin-c1p = Ccpvpb = Ccpyss = 1HF.
Av_MICPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aDCGAIN = 0dB, Ay_pacLvL = Av_DACGAIN = 0dB, Ay_MmIxGAIN
= 0dB, AV RCV ~ AV LOUT = AV HP = AV SPK ~= 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Mavpbp = VHPVDD = Vpvbpio = 1.8V, Vpypp = 1.2V, Vspkvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLoUT = =, RHp = =, Zgpk = <. CrgF = 2.2pF, Cgjas = Cmicsias = THF, Ccin-c1p = Ccpvpb = Cepyss = 1HF.
Av_MICPRE_ =Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
= 0dB, A\/ RCV ~= A\/ LOUT = A\/ HP ~= A\/ SPK = 0dB. fMCLK = 12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)
(MavbDp = VHPVDD = Vpvppio = 1.8V, Vpvpp = 1.2V, Vspkvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLouT = =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cg|as = Cmicaias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aDcGAIN = 0dB, Ay pacLvL = Av_DACGAIN = 0dB, Ay_MmixGAIN
= 0dB, AV RCV = A\/ LOUT = A\/ HP ~= AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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DAC PLAYBACK PATH INPUT TO SPEAKER OUTPUT (continued)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPVDD = Vbvppio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRcy = =, RLoUT = =, RHp = =, Zgpk = «. CReF = 2.2JF, Cpias = Cmiceias = 1WF, Ccin-c1p = Ccpvbb = Cepvss = THF.
Av_MICPRE_ =Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay _apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL = Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. ficLk = 12.288MHz, fi rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tax unless otherwise noted. Typical values are at Ta = +25°C.) (Note 2)

LINE INPUT TO SPEAKER OUTPUT (continued)

POWER-SUPPLY REJECTION RATIO CROSSTALK vs. FREQUENCY
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPVDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLouT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT

TOTAL HARMONIC DISTORTION PLUS NOISE TOTAL HARMONIC DISTORTION PLUS NOISE TOTAL HARMONIC DISTORTION PLUS NOISE
vs. OUTPUT POWER (DAC TO HEADPHONE) vs. OUTPUT POWER (DAC TO HEADPHONE) vs. OUTPUT POWER (DAC TO HEADPHONE)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT =, RHp = =, Zgpk = . CRrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpvss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp = Av spk = 0dB. fiycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TmiN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT (continued)

TOTAL HARMONIC DISTORTION PLUS NOISE TOTAL HARMONIC DISTORTION PLUS TOTAL HARMONIC DISTORTION PLUS
vs. OUTPUT POWER (DAC TO HEADPHONE) NOISE vs. FREQUENCY (DAC TO HEADPHONE) NOISE vs. FREQUENCY (DAC TO HEADPHONE)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavpbp = VHpPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vgpkvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRcv = e, RLOUT = =, RHp = =, Zgpk = «. CrgF = 2.24F, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpp = Ccpyss = 1HF.
Av_MmIcPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL = Av_DACGAIN = 0dB, Ay_MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fiycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT (continued)

TOTAL HARMONIC DISTORTION PLUS NOISE TOTAL HARMONIC DISTORTION PLUS NOISE GAIN vs. FREQUENCY
vs. FREQUENCY (DAC TO HEADPHONE) vs. FREQUENCY (DAC TO HEADPHONE) (DAC TO HEADPHONE)
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MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(VavbD = VHPvDD = Vbvbbpio = 1.8V, Vpypp = 1.2V, Vspkvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRcv = =, RLOUT = e, RHp = =, Zgpk = «. CrgF = 2.24F, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpp = Ccpyvss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL = Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT (continued)

POWER CONSUMPTION vs. OUTPUT POWER-SUPPLY REJECTION RATIO
POWER (DAC TO HEADPHONE) vs. FREQUENCY (DAC TO HEADPHONE)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPVDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLouT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT (continued)

INBAND OUTPUT SPECTRUM,
-3dBFS INPUT (DAC TO HEADPHONE)
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MAX98091

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)
(Vavop = VHPvDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091

Typical Operating Characteristics (continued)

Ultra-Low Power Stereo Audio Codec

(Vavop = VHPVDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLouT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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www.maximintegrated.com

120

100

80

60

40

20

LINE INPUT TO HEADPHONE OUTPUT

TOTAL HARMONIC DISTORTION
PLUS NOISE vs. OUTPUT POWER

(LINE TO HEADPHONE)
AV_LINEPGA = 0dB 3
Av_Hp = +30B 5 g
Rup = 32Q // E:
CiN = 10pF
—/
\
fin = 6000H
b fin = 100Hz
N__ /[
¥/
{
fin = 1000Hz
\ \
0 0.01 0.02 0.03 0.04 0.05

OUTPHT POWFR (W)

POWER-SUPPLY REJECTION RATIO
vs. FREQUENCY (LINE TO HEADPHONE)

VRIppLE = 100mVp-p
Rup = 32Q

Cin=10pF

BIAS_MODE =1

MAX98090 toc165

[~ BIAS_MODE =0

M
L
]

100

1k

10k

FREQUENCY (Hz)

100k

THD+N RATIO (dB)

CROSSTALK (dB)

-20
-30
-40
-50
-60
-70
-80
-90
-100

o
S

N
S

'
=2}
S

'
(=<3
=3

-100

-120

TOTAL HARMONIC DISTORTION
PLUS NOISE vs. FREQUENCY

(LINE TO HEADPHONE)
Av_LINEPGA = 0dB |§
Av_Hp = +8dB u§
Rup = 32Q z
Cin=10pF
—— Pout=10mW
] Pout = 20mW
|
10 100 1k 10k 100k

FREOIIENCY (H7

CROSSTALK vs. FREQUENCY
(LINE TO HEADPHONE)

fmeLk = 12.288MHz
fLRCLK = 48kHz

Av_pp = 0dB
Rup = 32Q

MAX98090 toc166

LEFT TO RIGHT

\

A

"
RIGHT TO LEFT

10

100

1k

10k 100k

FREQUENCY (Hz)

NORMALIZED GAIN (dB)

CMRR (dBV)

[ O Y R I e

100
90
80
70
60
50
40
30
20
10

0

GAIN vs.

FREQUENCY

(LINE TO HEADPHONE)

Av_LINEPGA=0dB || ]|

Ay_Hp = 0dB
RHp = 32Q

MAX98090 toc164

Cin=10pF

o

100

1k 10k 100k

FREQUENCY (Hz)

COMMON-MODE REJECTION RATIO
vs. FREQUENCY (LINE TO HEADPHONE)

MAX98090 toc167

| Ryp =32Q2
L Cin=10pF

| Av_LINEPGA = 0dB

Av_Hp =0dB

10

100

1k 10k 100k

FREQUENCY (Hz)

Maxim Integrated | 66



MAX98091 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavop = VHPVDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLouT =, RHp = =, Zgpk = «. CrgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_ =Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98091

Bump/Pin Configurations

Ultra-Low Power Stereo Audio Codec

TOP VIEW
(BUMP SIDE DOWN)

MAX98091
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MAX98091

Ultra-Low Power Stereo Audio Codec

Bump/Pin Configurations (continued)

(6mm x 6mm x 0.8mm)
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MAX98091

Bump/Pin Description

Ultra-Low Power Stereo Audio Codec

BUMP PIN NAME FUNCTION
A1 11 SPKRGND Right Speaker Amplifier Ground
A2 12 SPKRN Negative Right-Channel Class D Speaker Output
A3 13 SPKRP Positive Right-Channel Class D Speaker Output
A4 18 SPKLP Positive Left-Channel Class D Speaker Output
A5 17 SPKLN Negative Left-Channel Class D Speaker Output
A6 19 SPKLGND Left Speaker Amplifier Ground
A7, A8 21 IN1/DMDA1 Po§|t|ve leferentllal Microphone 1 Input or $|pgle-l$nded Line Input 1.AC-coupIe with a
series 1uF capacitor. Can be retasked as digital microphone 1 data input.
B1 10 RCVN/LOUTR | Negative Earpiece Amplifier Output/Right Line Output
B2, C2, | 16,22,
C3, C5, 24, . .
D5 E3. | 33 34, N.C. No Connection. Not internally connected.
E4 35
B3, B4 14,15 SPKVDD Speak'er anq Mlcr'ophone Bias Power Supply. Bypass each to SPK_GND with a 1uF
capacitor with a single shared 10uF bulk capacitor.
B5 8 JACKSNS Jac.k'Detectlon Input. Connect to the microphone terminal of the headset jack to detect jack
activity.
Positive Differential Microphone 2 Input or Single-Ended Line Input 3. AC-couple with a
B6 23 IN3 . .
series 1uF capacitor.
B7.B8 20 IN2/DMC1 Negatlve leferen_tlal Microphone 1 Input or_S_lngIe-_Ended Line Input 2. AC-couple with a
series 1uF capacitor. Can be retasked as digital microphone 1 clock output.
C1 9 RCVP/LOUTL | Positive Earpiece Amplifier Output/Left Line Output
Auxiliary Positive Differential Microphone Input or Single-Ended Line Input. AC-couple with a
C4 25 IN5/DMD2 : . o . .
series 1uF capacitor. Can be retasked as digital microphone 2 data input.
Negative Differential Microphone 2 Input or Single-Ended Line Input 4. AC-couple with a
C6 26 IN4 : .
series 1uF capacitor.
Low Noise Microphone Bias Voltage Output. Bypass to SPKLGND with a 1uF capacitor.
C7,C8 28 MICBIAS The bias voltage is programmable. An external resistor in the 2.2kQ to 1kQ range should be
used to set the microphone current.
D1 7 HPR Right-Channel Headphone Output
D2 6 HPSNS Headphone Amplifier Ground Sense. Connect to the headphone jack ground terminal or
connect to ground.
D3 45 SCL I2C Serial-Clock Input. Connect a pullup resistor to DVDD for full output swing.
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MAX98091

Ultra-Low Power Stereo Audio Codec

Bump/Pin Description (continued)

BUMP | NAME NAME FUNCTION
Auxiliary Negative Differential Microphone Input or Single-Ended Line Input. AC-couple with
D4 27 IN6/DMC2 . . . ;
a series 1uF capacitor. Can be retasked as digital microphone 2 clock output.
D6 29 REF Converter Reference. Bypass to AGND with a 2.2uF capacitor.
D7, D8 31 AGND Analog Ground
E1 5 HPL Left-Channel Headphone Output
E2 46 SDA I2C Serial-Data Input/Output. Connect a pullup resistor to DVDD for full output swing.
E5 40 SDIN Digital Audio Serial-Data DAC Input. The input voltage is referenced to DVDDIO.
E6 30 BIAS Common-Mode Reference Voltage. Bypass to AGND with a 1uF capacitor.
E7,E8 32 AVDD Analog Power Supply. Bypass to AGND with a 1uF capacitor.
F1 4 CPVDD Noninverting Charge-Pump Output. Bypass to HPGND with a 1uF ceramic capacitor.
F2 1 CIN Charge-Pump Flying Capacitor Negative Terminal. Connect a 1uF ceramic capacitor
between C1N and C1P.
Charge-Pump Flying Capacitor Positive Terminal. Connect a 1yF ceramic capacitor between
F3 48 C1P
C1N and C1P.
F4 43 IRQ Active-Low Hardware Interrupt Output. Connect a 10kQ pullup resistor to Vpp.
Digital Audio Left-Right Clock Input/Output. LRCLK is the audio sample rate clock and
F5 41 LRCLK determines whether audio data is routed to the left or right channel. In TDM mode, LRCLK is
a frame sync pulse. LRCLK is an input when the MAX98091 is in slave mode and an output
when in master mode. The input/output voltage is referenced to DVDDIO.
F6 38 DVDDIO Digital Audio Interface Power-Supply Input. Bypass to DGND with a 1uF capacitor.
F7,F8 36 DVDD Digital Power Supply. Bypass to DGND with a 1uF capacitor.
G1 HPGND Headphone Ground
G2 CPVSS Inverting Charge-Pump Output. Bypass to HPGND with a 1uF ceramic capacitor.
Headphone Power Supply. Bypass to HPGND with a 10uF bulk capacitor with a parallel
G3 47 HPVDD . . .
0.1uF capacitor as close as possible to the device.
G4 44 MCLK Master Clock Input. Acceptable input frequency range is 10MHz to 60MHz.
G5 42 BCLK Digital Audio Bit Clock Input/Output. BCLK is an input when the IC is in slave mode and an
output when in master mode. The input/output voltage is referenced to DVDDIO.
G6 39 SDOUT Digital Audio Serial-Data ADC Output. The output voltage is referenced to DVDDIO.
G7,G8 37 DGND Digital Ground
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MAX98091

Detailed Description

The MAX98091 is a fully integrated stereo audio codec
with FlexSound audio processing and integrated input
and output audio amplifiers.

The device features six flexible analog inputs. Each pair
can be configured as a differential analog microphone
input, a stereo single-ended or differential line input(s),
or as a reduced power, direct differential analog input to
the ADC mixer. Two input pairs, IN1-IN2 and IN5-IN6, can
also be retasked to support up to four digital microphones.
As a result, four microphones (two digital and two analog
or digital) can be recorded from simultaneously. The ana-
log input signals can be amplified by up to 50dB before
being routed either to the stereo ADC or directly to the
analog output mixers for playback.

The device contains two independent stereo record
paths, each providing voice (lIR) and music (FIR) fil-
tering, an optional DC-blocking highpass filter, a fully
configurable biquad filter and a -12dB to 45dB range of
programmable digital gain and level control. The primary
record path receives data from either the ADC or digital
microphones 1L and 1R, while the secondary record path
is dedicated to digital microphones 2L and 2R. The ADC
supports sample rates between 8kHz and 96kHz, features
two performance modes, and provides two oversampling
rate options.

The digital audio interface (DAI) can simultaneously
transmit and receive separate and distinct stereo audio
signals. The DAI supports a wide range of PCM digital
audio formats including 128, left justified (LJ), right justi-
fied (RJ), and four-slot TDM.

As with the record path, the DAI to DAC playback path
supports sample rates from 8kHz to 96kHz, both voice
(IIR) and music (FIR) filtering (high stopband attenuation
at fg/2), optional DC-blocking filters, and a -15dB to 18dB
range of programmable digital gain and level control. In
addition, the playback path also features a 7-band para-
metric biquad equalizer, dynamic range control (DRC),
and a summing digital sidetone from the primary record
path DSP.

The device includes three analog output drivers. The
first is a Class AB differential receiver/earpiece amplifier.
Alternatively, the receiver amplifier can also be configured
as a stereo single-ended line output driver.

www.maximintegrated.com

Ultra-Low Power Stereo Audio Codec

The second is an integrated, filterless, Class D stereo
speaker amplifier. This amplifier provides efficient ampli-
fication for two speakers, and includes active-emissions-
limiting to minimize the radiated emissions (EMI) tradition-
ally associated with Class D. The right channel features
a slave mode, where the switching is synchronized to
that of the left channel to eliminate the beat tone that
can occur with asynchronous operation. In most systems
with short speaker traces, no Class D output filtering is
required.

The third is a Class H, ground-referenced stereo head-
phone amplifier featuring Maxim’s second-generation
DirectDrive architecture. The Class H headphone ampli-
fier features an internal charge pump that generates both
a positive and negative supply for the headphone ampli-
fier. This provides a ground-referenced output signal that
eliminates the need for either DC-blocking capacitors or
a midrail bias for the headphone jack ground return. The
headphone dedicated ground sense current return reduc-
es crosstalk and output noise. A tracking circuit monitors
the signal level and automatically selects the appropriate
charge-pump switching frequency and supply voltage
level. For low signal levels, the charge pump switches at a
reduced frequency and outputs £VHpypp/2 for improved
efficiency. When the signal amplitude increases, the
charge-pump switching frequency also increases and
continues to output *Vypypps2. For high signal levels,
the charge pump outputs full-scale rails at +V{pypp to
maximize output power.

The device also includes several additional features
such as a programmable external microphone bias,
configurable jack detection and identification, extensive
click-and-pop reduction circuitry, power and performance
management settings, and a full range of quick configura-
tion options.

Device I12C Register Map

Table 1 lists all of the registers, their addresses, and pow-
er-on-reset (PoR) states. Registers 0x01, 0x02, and OxFF
are read-only. Registers 0x06 to 0x0B (quick setup) are
write only (pushbutton). All of the remaining registers are
read/write. Write zeros to any unused bits in the register
table when updating the register, unless otherwise noted.
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MAX98091 Ultra-Low Power Stereo Audio Codec

Table 1. MAX98091 Control Register Map

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR | NAME [Rw| BIT7 | BIT6 | BIT5 | BIT4 BIT 3 BIT 2 BIT 1 BITO | STATE
RESET/STATUS/INTERRUPT REGISTERS

SOFTWARE
0x00 RESET W [SWRESET| — — — — — — — 0x00
0x01 | DEVICE STATUS |[CoR| cCLD SLD ULK — — JDET | DRCACT | DRCCLP | 0x00
0x02 | JACKSTATUS | R — — — — — LSNS | JKSNS — 0x00
0x03 |INTERUPT MASKS|R/W |  ICLD ISLD IULK — — IUDET | IDRCACT | IDRCCLP | 0x04
QUICK SETUP REGISTERS
0x04 | SYSTEMcLOCK | w | 26M | 19P2m 13V | 12P28sM | 12M | 11P2896M |  — 256Fg | 0x00
0x05 | SAMPLE RATE | W — — SR 96K | SR 32K | SR 48K | SR 44K1 | SR 16K | SR 8K | 0x00
0x06 | DAIINTERFACE | W — — RJ_M RJ.S LI M LS 2SM | 125S | O0x00
DIG2. | Dpic2. | picz.
0x07 |  DAC PATH W [DIG2 HP | or5 .y LouT — — — — 0x00
MIC/DIRECT TO IN34_ IN12_ IN34_ IN56_
0x08 ADC WHINT2_MICH 162 - - DADC DADC DADC - 0x00
0x09 | LINETOADC | W |IN12S_AB|IN34S_AB| IN56S_AB | IN34D A | IN65D_B — — — 0x00
0op | ANALOGMIC || IN12_ | INT2 IN12_ IN12_ | IN34_ IN34_ INs4_ | IN34_ |
LOOP MTHPL | M1SPKL | M1EAR |M1LOUTL| M2HPR | M2SPKR | M2EAR |M2LOUTR
oop | ANALOGLINE | || INT2S_ | IN34D_ | IN34D_ | IN12S_ | IN34S_ | IN6SD | IN6sD_ | IN34S_ | .
LOOP ABHP | ASPKL | AEAR | ABLOUT | ABHP | BSPKR | BEAR | ABLOUT
RESERVED REGISTER
0x0C| RESERVED | —| — | — — — — — — — 0x00
ANALOG INPUT CONFIGURATION REGISTERS
LINE INPUT
0x0D CONFIG R/W | IN34DIFF | IN65DIFF | INTSEEN | IN2SEEN | IN3SEEN | IN4SEEN | INSSEEN | INGSEEN |  0x00
OXOE |LINE INPUT LEVEL| RW | MIXG135 | MIXG246 LINAPGA[2:0] LINBPGA[2:0] 0x1B
0xOF | INPUTMODE |RW|EXTBUFA|EXTBUFB| — - | - — | ExTmicio 0x00
MICT INPUT , ,
0x10 EVEL RW| — PA1EN[1:0] PGAM1[4:0] 0x14
MIC2 INPUT , ,
0x11 CEVEL RW| — PA2EN[1:0] PGAM2[4:0] 0x14
MICROPHONE CONFIGURATION REGISTERS
MIC BIAS ,
12| volace  |RMW| — — — — — — MBVSEL[1:0] 0x00
0x13 D'S&éﬁé'c RW| — DMICCLK[2:0] DIGMIC2R| DIGMIC2L |DIGMICIR|DIGMICIL| 0x00
DIGITAL MIC _ _
0x14 CONFIG RIW DMIC_COMP[3:0] — — DMIC_FREQ[1:0] 0x00
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MAX98091 Ultra-Low Power Stereo Audio Codec

Table 1. MAX98091 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR | NAME [Rw| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 BIT 1 BITO | STATE
RECORD PATH AND CONFIGURATION REGISTERS
0x15 | LEFTADC MIXER |[RW [ — MIXADL[6:0] 0x00
0x16 [RIGHTADC MIXER[RW| — MIXADRI6:0] 0x00
LEFT RECORD . .
0x17 LEVEL RW| — AVLG[2:0] AVL[3:0] 0x03
RIGHT RECORD _ _
0x18 LEVEL RW| — AVRG[2:0] AVR[3:0] 0x03
RECORD BIQUAD .
0x19 (EVEL RW| — — — — AVBQ[3:0] 0x00
0x1A |RECORD SIDETONE| R/W DSTS[1:0] — DVST[4:0] 0x00
CLOCK CONFIGURATION REGISTERS
0x1B | SYSTEM cLOCK |RW| — — PSCLK[1:0] — — — — 0x00
0x1C | CLOCK MODE |R/W FREQ[3:0] — — _ USE MI | 0x00
CLOCK RATIO _
0x1D N ss RW| — NI[14:8] 0x00
CLOCK RATIO ,
OX1E N LSB RIW NI[7:0] 0x00
CLOCK RATIO _
Ox1F S RIW MI[15:8] 0x00
CLOCK RATIO _
0x20 \LSB RIW MI[7:0] 0x00
0x21 | MASTER MODE |RW/| MAS — — — [ = ] BSEL[2:0] 0x00
INTERFACE CONTROL REGISTERS
INTERFACE ,
0x22 ForuaT |RW|  — — RJ Wl BCI DLY WS[1:0] 0x00
0x23 | TDMCONTROL |RW| — — — — — — Fsw | TDM™ 0x00
0x24 | TDM FORMAT |R/W SLOTL[1:0] SLOTR[1:0] SLOTDLY[3:0] 0x00
10
0x25 | . ovricuration | FW | — — LTEN LBEN | DMONO | HIZOFF | SDOEN | SDIEN | 0x00
FILTER DMIC2_ | DMIC2_
0x26 | . onmiGURaTION| R | MODE | AHPF DHPF DHF MODE e — — 0x88
DAI PLAYBACK . .
0x27 EVEL RW/| DVM — DVG[1:0] DV[3:0] 0x00
EQ PLAYBACK S .
0x28 LEVEL RW| — — — EQCLP DVEQ[3:0] 0x00
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Table 1. MAX98091 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR | NAME [Rw| BIT7 | BIT6 | BIT5 | BIT4 | BT3 | BIT2 | BITY BITO | STATE
HEADPHONE (HP) CONTROL REGISTERS
0x29 | LEFTHP MIXER |RW[ — — MIXHPL[5:0] 0x00
0x2A | RIGHT HP MIXER |[RW | — — MIXHPR(5:0] 0x00
MIXHP | MIXHP
0x2B | HPCONTROL |RW| — — RSEL LSEL MIXHPRG[1:0] MIXHPLG[1:0] 0x00
0x2C |LEFT HP VOLUME|RW| HPLM — — HPVOLL[4:0] 0x1A
RIGHT HP .
0x2D VoLume | RW[ HPRM — — HPVOLR[4:0] 0x1A
SPEAKER (SPK) CONFIGURATION REGISTERS
O0x2E | LEFT SPK MIXER |[RW| — — MIXSPL[5:0] 0x00
SPK_ _
0x2F |RIGHT SPK MIXER|RW |  — SLAVE MIXSPR[5:0] 0x00
0x30 | SPKCONTROL |RW| — — — — MIXSPRG[1:0] |  MIXSPLG[1:(] 0x00
LEFT SPK _
0x31 VoLUME  |RW/| SPLM — SPVOLL[5:0] 0x2C
RIGHT SPK .
0x32 VoLumE  |RW[ SPRM — SPVOLR[5:0] 0x2C
DYNAMIC RANGE CONTROL (DRC) CONFIGURATION REGISTERS
0x33 | DRCTIMING |RW][ DRCEN | DRCRLS[2:0] — ] DRCATK[2:0] 0x00
DRC . :
0x34 | . ovprEssor | RW DRCCMP[2:0] DRCTHC[4:0] 0x00
0x35 | DRC EXPANDER | R/W DRCEXP[2:0] DRCTHE[4:0] 0x00
0x36 DRCGAN [RW| — | — | — DRCG[4:0] 0x00
RECEIVER (RCV OR EARPIECE) AND LINE OUTPUT (LOUT) REGISTERS
0x37 |RCV/ILOUTL MIXER[RW| — — MIXRCVL[5:0] 0x00
RCV/LOUTL .
038 | controL |RW|  — — — — — — MIXRCVLG[1:0] 0x00
RCV/LOUTL ,
0x39 VoLUME  |RW[ RoVLM — — RCVLVOL(4:0] 0x15
0x3A | LOUTRMIXER |RW/| LINMOD | — MIXRCVR[5:0] 0x00
0x3B [LOUTR CONTROL|RW| — — — — — | — ] MIXRCVRa[10] 0x00
0x3C | LOUTR VOLUME |RW | RCVRM — — RCVRVOL[4:0] 0x15
JACK DETECT AND ENABLE REGISTERS
0x3D | JACK DETECT |RW/| JDETEN | JDWK — — — — JDEB[1:0] 0x00
0x3E | INPUTENABLE [RW| — — — MBEN | LINEAEN | LINEBEN | ADREN | ADLEN | ox00
0x3F |OUTPUT ENABLE |RW| HPREN | HPLEN | SPREN | SPLEN | RCVLEN | RCVREN | DAREN | DALEN | o0x00
ZCD/SLEW
x40 | “ontroL IR — — — — — ZDEN | VS2EN | VSEN | 0x00
DSP FILTER DMIC2BQ EQ3BAND |EQ5BAND |EQ7BAND
0x41 ENABLE RW| — — — En  |RECBQEN| ~~ 20 N Ex 0x00
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Table 1. MAX98091 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR| NAME  |RW| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BT2 | BIT1 | BITo | STATE
BIAS AND POWER MODE CONFIGURATION REGISTERS
0x42 | BIAS CONTROL [RW| — — — — — — — | oo | ox00
0x43 | DACCONTROL [RW| — — — — — — o= | pacHP | 0x00
0x44 | ADCCONTROL [RW| — — — — — | osrizs | APC | apcHp | oxos
DITHER
0x45 SH[LET\ggst R/W| SHDN — — — — — — — 0x00
PLAYBACK PARAMETRIC EQUALIZER BAND 1: BIQUAD FILTER COEFFICIENT REGISTERS
046 | £quaLzER |RW BO_1[23:16] —
047 |  BAND1  [RW BO_1[15:8] —
oxas | COEFFICIENT BO [ Ry BO_1[7:0] —
049 | gquaLzER |RW B1_1[23:16] —
0A|  BANDT  [RW B1_1[15:8] —
oxaB | COEFFICIENT B1 [R/y B1A[7.0] —
04C | EquALIZER | RW B2_1[23:16] —
04D |  BAND1  [RW B2_1[15:8] —
oxaE | COEFFICIENT B2 R/ B2 117:0] —
04F | EquaLIZER | RW A1_1[23:16] —
0x50 |  BAND1  [RW A1_1[15:8] —
0x51 | COEFFICIENT AT [Roy M AT —
052 | gquaLzER |RW A2_1[23:16] —
0x53|  BAND1  [RW A2_1[15:8] —
0x54 | COEFFICIENT A2 [ Ry A2 A 0] —
PLAYBACK PARAMETRIC EQUALIZER BAND 2: BIQUAD FILTER COEFFICIENT REGISTERS
055 | pquaLizer |RW B0_2[23:16] —
0x56 | BAND2  [RW BO_2[15:8] —
0x57 | COEFFICIENT BO [ Ry BO_2[70] _
058 | pquaLizer |RW B1_2[23:16] —
0659 |  BAND2  [RW B1_2[15:8] —
0x5A | COEFFICIENT B1 [R/y B1_207:0] —
058 | EquaLIZER | RW B2_2[23:16] —
OX5C|  BAND2  [RW B2_2[15:8] —
0x5D | COEFFICIENT B2 [y B2 207:0] —
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Table 1. MAX98091 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR

ADDR|  NAME RW| BIT7 | BIT6 | BIT5 | BIT4 | BT3 | BT2 | BIT1 | BITo | STATE
OX5F BAND 2 RIW A1_2[15:8] —
ox60 | COEFFICIENT A1 [ Ry A_2[7:0] —
0x62 BAND 2 RIW A2_2[15:8] —
o0x63 | COEFFICIENT A2 [/ A2 217:0] —
PLAYBACK PARAMETRIC EQUALIZER BAND 3: BIQUAD FILTER COEFFICIENT REGISTERS

0x65 BAND 3 RIW BO_3[15:8] —
ox66 | COEFFICIENT BO [ R/ BO_3[7:0] —
0x68 BAND 3 RIW B1_3[15:8] —
ox69 | COEFFICIENT B1 [ Ry B1_3[70] —
0x6B BAND 3 RIW B2_3[15:8] —
0x6C | COEFFICIENT B2 [y B2 3[70] —
OX6E BAND 3 RIW A1_3[15:8] —
Ox6F | COEFFICIENT A1 [y A1_37:0] —
0x71 BAND 3 RIW A2_3[15:8] —
o0x72 | COEFFICIENT A2 [/ A2 370] —
PLAYBACK PARAMETRIC EQUALIZER BAND 4: BIQUAD FILTER COEFFICIENT REGISTERS

0x74 BAND 4 RIW BO_4[15:8] —
ox75 | COEFFICIENT BO [ R/ BO_4[7:0] —
0x77 BAND 4 RIW B1_4[15:8] —
ox78 | COEFFICIENT B1 [ Ry B1_4[70] —
0x7A BAND 4 RIW B2_4[15:8] —
0x7B | COEFFICIENT B2 [ Ry B2 4[70] —
0x7D BAND 4 RIW A1_4[15:8] —
Ox7E | COEFFICIENT A1 [y A_4[7:0] —
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Table 1. MAX98091 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR

ADDR NAME RW| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 BIT1 | BITO | STATE
0x80 BAND 4 RIW A2_4[15:8] —
oxa1 | COEFFICIENT A2 Ry A2 4[70) —
PLAYBACK PARAMETRIC EQUALIZER BAND 5: BIQUAD FILTER COEFFICIENT REGISTERS

0x83 BAND 5 RIW B0_5[15:8] —
ox@4 | COEFFICIENT BO [y B0 5[70] —
0x86 BAND 5 RIW B1_5[15:8] —
o0xa7 | COEFFICIENT B[Ry B1_570] —
0x89 BAND 5 RIW B2 5[15:8] —
ox@A | COEFFICIENT B2 [Royy B2 570] —
0x8C BAND 5 RIW A1_5[15:8] —
ox8D | COEFFICIENT A1 Ry A_5[70) —
OX8F BAND 5 RIW A2 5[15:8] —
090 | COEFFICIENT A2 [y A2 507:0) —
PLAYBACK PARAMETRIC EQUALIZER BAND 6: BIQUAD FILTER COEFFICIENT REGISTERS

0x92 BAND6  |RW BO_6[15:8] —
x93 | COEFFICIENT BO [y B0 6[7.0] —
0x95 BAND 6 RIW B1_6[15:8] —
096 | COEFFICIENT B[Ry B1_6[70] —
0x98 BAND6  |RW B2 6[15:8] —
x99 | COEFFICIENT B2 [y B2 6[70] —
0x9B BAND 6 RIW A1_6[15:8] —
0x9C | COEFFICIENT A1 [Royy A B[70) —
O0X9E BAND 6 RIW A2 6[15:8] —
0x9F | COEFFICIENT A2 [Roy A2 6070) —
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Table 1. MAX98091 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR | NAME [Rw| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 BIT 1 BITO | STATE
PLAYBACK PARAMETRIC EQUALIZER BAND 7: BIQUAD FILTER COEFFICIENT REGISTERS
00 | EquALIZER | RW B0_7[23:16] —
OXAT BAND 7 RIW B0_7[15:8] —
Ox2 | COEFFICIENT BO [y BO_7[70] —
A3 | EquaLIZER | RW B1_7[23:16] —
OxA4 BAND 7 RIW B1_7[15:8] —
OxA5 | COEFFICIENT B1 [y B1_707.0] —
0A6 | EquALIZER | RW B2_7[23:16] —
OXA7 BAND 7 RIW B2_7[15:8] —
oxAg | COEFFICIENT B2 [y B2 7070] —
0A9 | EquALIZER | RW A1_7[23:16] —
OXAA BAND 7 RIW A1_7[15:8] —
oxAB | COEFFICIENT A1 [Ray A7) —
OAC| gquaLizer |RW A2_7[23:16] —
OXAD BAND 7 RIW A2_7[15:8] —
OxAE | COEFFICIENT A2 [ Ry A2 7070] —
PRIMARY RECORD PATH BIQUAD FILTER COEFFICIENT REGISTERS
OXAF RIW REC_BO0[23:16] —
0xBO Fé%CE?:EI%ES;JQOD RIW REC_BO[15:8] —
OXB1 RIW REC_BO[7:0] —
0xB2 RIW REC_B1[23:16] —
0xB3 Fé%CE?:EI%FE'S;Jg? RIW REC_B1[15:8] —
OxB4 RIW REC_BA[7:0] —
0xB5 RIW REC_B2[23:16] —
0xB6 Fé%%g?%ggggg RIW REC_B2[15:8] —
OXB7 RIW REC_B2[7:0] —
0xB8 RIW REC_A1[23:16] —
0xB9 %Z%?E,%Féﬁ?ﬁ? RIW REC_A1[15:8] —
OXBA RIW REC_A1[7:0] —
0xBB RIW REC_A2[23:16] —
O0XBC FéEOCE(;EI%FE'%JQZD RIW REC_A2[15:8] —
0xBD RIW REC_A2[7:0] —
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Table 1. MAX98091 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR| NAME  |[RW| BIT7 | BIT6 | BIT5 | BIT4 | BT3 | BIT2 | BIT1 | BITo | STATE
SECONDARY RECORD PATH CONFIGURATION REGISTERS
DMIC2L _ _
0XBE | recorp LEVEL IRW| = AV2LG[2:0] AV2L[3:0] 0x03
DMIC2R _ ,
0XBF | pecorp LEveL |RW|  — AV2RG[2:0] AVZR[3:0] 0x03
DMIC2 BIQUAD .
oxco| DV E T [RW[ - -~ — - AV2BQ[3:0] 0x00
oxct| RECOROTOM IR stot Rectito SLOT_RECIR[1:0] SLOT_REC2L{1:0] SLOT RECZR[1:0] | O0x1B
DMIC2 SAMPLE _
oxc2| MR SET T [RW| - -~ —  |zERoPAD |  — SRDIV[2:0] 0x10
SECONDARY RECORD PATH BIQUAD COEFFICIENT REGISTERS
0xC3 RIW DMIC2_BO[23:16] —
DMIC34 BIQUAD .
0xC4| S erricienT o R W DMIC2_BO[15:8] —
0xC5 RIW DMIC2_BO[7:0] —
0xC6 RIW DMIC2_B1[23:16] —
DMIC34 BIQUAD .
0xC7| SoerricienT B R W DMIC2_B1[15:8] —
0xC8 RIW DMIC2_B1[7:0] —
0xC9 RIW DMIC2_B2[23:16] —
DMIC34 BIQUAD .
OXCA| o err et Bol R DMIC2_B2[15:8] —
0xCB RIW DMIC2_B2[7:0] —
0xCC RIW DMIC2_A1[23:16] —
DMIC34 BIQUAD .
0xCD| oereioienT At RV DMIC2_A1[15:8] —
OxCE RIW DMIC2_A1[7:0] —
OxCF RIW DMIC2_A2[23:16] —
DMIC34 BIQUAD .
0XDO | S e e e pal KW DMIC2_A2[15:8] —
0xD1 RIW DMIC2_A2[7:0] —
REVISION ID REGISTER
OxFF | REVISIOND | R | REVID[7:0] 051
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Software Reset

The device provides a software controlled reset (Table 2)
that is used to return most registers to their default (POR)
states (the record biquad and playback parametric equalizer
coefficients are not reset). The software reset register is a
pushbutton, write only register. As a result, a read of this reg-
ister always returns 0x00. Writing logic-high to SWRESET
triggers a software register reset, while writing a logic-low to
SWRESET has no effect.

Power and Performance Management

The device includes comprehensive power management
to allow the disabling of unused blocks to minimize sup-
ply current. In addition to this, the available power modes

Table 2. Software Reset Register

Ultra-Low Power Stereo Audio Codec

provide a software configurable choice between highest
performance and reduced power consumption.

Device Performance Configuration

The Bias Control register (Table 3) selects the method
used to derive the common-mode reference voltage. A
common-mode bias created by resistive division (from the
AVDD supply) facilitates lower overall power consumption
by disabling the bandgap reference circuit. However, this
type of BIAS reference has the disadvantage of scaling
with the AVDD supply voltage (and thus also has reduced
PSRR). When derived from a bandgap reference, BIAS
is constant regardless of the supply voltage, but the addi-
tional circuitry increases power consumption.

ADDRESS: 0x00

DESCRIPTION
BIT NAME TYPE | POR

Pushbutton Software Device Reset
0: Writing a logic low to SWRESET has no effect.

7 SWRESET w 0 |1: Reset all registers to their default POR values. This excludes the primary and
secondary record biquad and playback parametric equalizer filter coefficients (Tables 32,
33, and 58).

6 — — — |—

5 — — — |—

4 — — - |—=

3 — — — |—

2 — — - |—=

1 — — - |—=

0 — — — |—

Table 3. Bias Control Register

ADDRESS: 0x42

DESCRIPTION
BIT NAME TYPE | POR
7 — — — =
6 — — — =
5 — — — =
4 — — — =
3 — — — =
2 — — — =
1 — — — =
Select source for BIAS.
0 BIAS_MODE R/W 0 |0: BIAS derived from resistive division.
1: BIAS created by bandgap reference.
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The ADC, DAC, and headphone playback all have option-
al high-performance modes (Tables 4 and 5). In each
case, these modes trade additional power consumption

Ultra-Low Power Stereo Audio Codec

for enhanced performance. The ADC also has optional details on ADC operation.

Table 4. DAC and Headphone Performance Mode Control Register

dither (recommended for the cleanest spectrum), and can
be configured to two different oversampling rates. See the
Analog-to-Digital Converter (ADC) section for additional

ADDRESS: 0x43
DESCRIPTION
BIT NAME TYPE | POR

7 — — - |—=

6 — — — |—

5 — — — |—

4 — — - |—=

3 — — — |—

2 — — - |—=
Performance Mode

1 PERFMODE RIW 0 Selects DAC to headphone playback performance mode:
1: Low power headphone playback mode.
0: High performance headphone playback mode.
DAC High-Performance Mode

0 DACHP R/W 0 |0: DAC settings optimized for lowest power consumption.
1: DAC settings optimized for best performance.

Table 5. ADC Performance Mode Control Register

ADDRESS: 0x44
DESCRIPTION
BIT NAME TYPE | POR
7 _ _ — |—=
6 — — — |—
5 — — — |—
4 _ _ — |—=
3 — — — |—
ADC Oversampling Rate
2 OSR128 R/W 1 0: fapccLk = 64 x fg
1:fapccLk = 128 x fg
ADC Quantizer Dither
1 ADCDITHER R/W 1 |O: Dither disabled.
1: Dither enabled.
ADC High-Performance Mode
0 ADCHP R/W 0 |0: ADC is optimized for low power operation.
1: ADC is optimized for best performance.
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Device Enable Configuration

In addition to a device global shutdown control, the major
input and output blocks can be independently enabled
(or disabled) to optimize power consumption. The device
global shutdown control is detailed in Table 6.

Table 7 details the available input signal path enables
(with the exception of the analog microphone inputs
1/2, which are enabled from registers 0x10 and 0x11, or
Tables 9 and 10, respectively). Table 8 details the avail-
able output signal path enables.

Table 6. Device Shutdown Register

Ultra-Low Power Stereo Audio Codec

When the device is in global shutdown, the major input
and output blocks are all disabled to conserve power.
However, the 12C interface remains active and all device
registers can be configured. Certain registers should be
programmed while in shutdown only (detailed in Table
96). Changing these registers when the device is active
could result in unexpected behavior. For optimal mini-
mized power consumption, only enable the stage blocks
that are part of the intended signal path configuration.

ADDRESS: 0x45

DESCRIPTION
BIT NAME TYPE |POR

Device Active-Low Global Shutdown Control

7 SHDN RIW 0 0: Dev!ce !s in ghutdown.
1: Device is active.

Certain registers should not be written to while the device is active (Table 96).
6 — — N
5 —_ — — | =
4 —_ — — | =
3 _ — I
2 — — N
1 — — N
0 — — N

Table 7. Input Enable Register

ADDRESS: 0x3E

DESCRIPTION
BIT NAME TYPE |POR
7 — — — | =
5 — — — | =
Microphone Bias Enable
4 MBEN R/W 0 0: Microphone bias disabled.
1: Microphone bias enabled.
Enables Line A Analog Input Block
3 LINEAEN R/W 0 0: Line A input amplifier disabled.
1: Line A input amplifier enabled.
Enables Line B Analog Input Block
2 LINEBEN R/W 0 0: Line B input amplifier disabled.
1: Line B input amplifier enabled.
Right ADC Enable
1 ADREN R/W 0 0: Right ADC disabled.
1: Right ADC enabled.
Left ADC Enable
0 ADLEN R/W 0 0: Left ADC disabled.
1: Left ADC enabled.
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Table 8. Output Enable Register

ADDRESS: 0x3F
BIT NAME TYPE |POR

DESCRIPTION

Right Headphone Output Enable
7 HPREN R/W 0 0: Right headphone output disabled.
1: Right headphone output enabled,

Left Headphone Output Enable
6 HPLEN R/W 0 0: Left headphone output disabled.
1: Left headphone output enabled.

Right Class D Speaker Output Enable
5 SPREN R/W 0 0: Right speaker output disabled.
1: Right speaker output enabled.

Left Class D Speaker Output Enable
4 SPLEN R/W 0 0: Left speaker output disabled.
1: Left speaker output enabled.

Receiver (Earpiece)/Left Line Output Enable
3 RCVLEN R/W 0 0: Receiver/left line output disabled.
1: Receiver/left line output enabled.

Right Line Output Enable
2 RCVREN R/W 0 0: Right line output disabled.
1: Right line output enabled.

Right DAC Digital Input Enable
1 DAREN R/W 0 0: Right DAC input disabled.
1: Right DAC input enabled.

Left DAC Digital Input Enable
0 DALEN R/W 0 0: Left DAC input disabled.
1: Left DAC input enabled.
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Audio Input Configuration

The device features six flexible analog inputs. Each pair
can be configured as either an analog microphone input,
a single-ended or differential line input(s), or as a reduced

Ultra-Low Power Stereo Audio Codec

power, full-scale differential analog input direct to the ADC

mixer. The analog microphone and line inputs can either
be routed to the stereo ADC mixer for recording or directly
to any analog output mixer for playback.

A A FLEXSOUND )
' TECHNOLOGY
T P DSP 3
MICROPHONE DIGITAL DIGITAL
MICBIAS BIAS MIC DATA NIC DATA
GENERATOR { DMICCLK[24] | — LEFT MUX LEFT MUX
] DMIC2R DMICIL | ADCL DMICIR| ADCR
PCLK £
[ owct =
| CONTROL |
CONTROL
CEXTMICIO] | [ PAIENTO]} | PGAMIO]} ["apc ADC
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IN-IN2 el . . {ADLEN | i ADCHP ! 1 ADREN ;
INPUT MIC 1 MIC 1 i OSR128
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N3l L] L T I
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Figure 5. Analog Audio Input Functional Diagram
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Analog Microphone Inputs

The device includes three differential microphone inputs
and a programmable, low-noise microphone bias genera-
tor for powering a wide variety of external microphones
(Figure 6). By default, analog inputs IN1 and IN2 differen-
tially (IN1/IN2) provide the input to microphone amplifier
1, while IN3 and IN4 differentially (IN3/IN4) form the input
to microphone amplifier 2. The additional analog input

Ultra-Low Power Stereo Audio Codec

pair (IN5/IN6) can be configured as a differential input
(IN5/ING) to either microphone amplifier 1 or 2 (Table 25).

In the typical application, one microphone input is used
for the handset microphone and the other is used as an
accessory microphone (IN1/IN2 and IN3/IN4). In systems
using a background noise microphone, IN5/IN6 can be
retasked as another microphone input.

i MBEN | [ MBVSEL[10]} LM%%':@.:Q]J
MICBIAS MICROPHONE
BIAS
GENERATOR ] oo
.......................... LEFT | o
EXTMICO] | { PGAN[4:0]} MIC 2| MIXER
IN1/DMD1 INT-IN2 ¢
IN2/DMC1 * M|(>/ ’
—
— IN5-IN6 PGA
0B TO 20dB
ADC
INS/DMD2 MIC 1] RIGHT |
| ZDENB | mic 2| MIXER
weomc2| (LT e
MAX98091
IN3 IN3-IN4 t
+ M|c\2/ { MIXADR6:0] |
IN4 IN5-IN6 pcA > I
B 0dB TO 20dB
f 30dB T 5 ANALOG
TEXTMICHT T 1 PAYENM-01 1 T PEAMOIA-0T OUTPUT
{EXTMICIT | | PAZEN[L0]} | PGAM24:0]} > MIXERS
(
)

Figure 6. Analog Microphone Input Functional Diagram
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Analog Microphone Preamplifier and PGA

The analog microphone inputs have two stages of pro-
grammable gain amplifiers, and are then routed to the
ADC mixer (record), the analog outputs (playback), or
simultaneously to both. The first, a coarse preamplifier
gain stage, includes the analog microphone enable, and
offers selectable 0dB, 20dB, or 30dB gain settings. The
second, a fine gain stage, is a programmable-gain ampli-

Ultra-Low Power Stereo Audio Codec

fier (PGA) adjustable from 0dB to 20dB in 1dB steps
(Tables 9 and 10). Together, the two stages provide up
to 50dB of signal gain for the analog microphone inputs.
To maximize the signal-to-noise ratio, use the coarse
gain settings of the first stage whenever possible. Zero-
crossing detection is included on the PGA to minimize
zipper noise while making gain changes.

Table 9. Microphone 1 Enable and Level Configuration Register

ADDRESS: 0x10
DESCRIPTION
BIT NAME TYPE |POR
7 — — — | =
6 0 | Microphone 1 Input Amplifier Enable and Coarse Gain Setting
PA1EN[1:0] R/W 00: Disabled 10: 20dB
o 0 | 01:0adB 11: 30dB
4 1 | Microphone 1 Programmable Gain Amplifier Fine Adjust Configuration
3 0 0x1F: 0dB OxOE: 6dB 0x06: 14dB
: 0x0D: 7dB 0x05: 15dB
2 1 0x14: 0dB 0x0C: 8dB 0x04: 16dB
PGAM1[4:0] R/W 0x13: 1dB 0x0B: 9dB 0x03: 17dB
0x12: 2dB 0x0A: 10dB  0x02: 18dB
L O | ox11:3dB 0x09:11dB  0x01: 19dB
0x10: 4dB 0x08: 12dB 0x00: 20dB
0 0 | oxOF:5dB  0x07: 13dB

Table 10. Microphone 2 Enable and Level Configuration Register

ADDRESS: 0x11
DESCRIPTION
BIT NAME TYPE |POR
7 —_ — — | =
6 o0 | Microphone 2 Input Amplifier Enable and Coarse Gain Setting
PA2EN[1:0] R/W 00: Disabled 10: 20dB
S 0 | 01:00B 11: 30dB
4 1 | Microphone 2 Programmable Gain Amplifier Fine Adjust Configuration
3 0 | ox1F:0dB  OxOE: 6dB 0x06: 14dB
0x0D: 7dB 0x05: 15dB
2 1 0x14: 0dB 0x0C: 8dB 0x04: 16dB
PGAM2[4:0] R/W 0x13: 1dB 0x0B: 9dB 0x03: 17dB
0x12: 2dB 0x0A: 10dB 0x02: 18dB
1 0 | ox11:3dB 0x09: 11dB  0x01: 19dB
0x10: 4dB 0x08: 12dB 0x00: 20dB
0 0 O0xOF: 5dB 0x07: 13dB
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Analog Microphone Bias Voltage

The device features a regulated, low noise microphone
bias output (MICBIAS) that can be configured to power
a wide range of external microphone devices. To enable
the microphone bias output, set MBEN in the input enable
register (Table 7). When the device is powered and the
microphone bias is disabled (MBEN is low or the device
is in shutdown), MICBIAS is placed in a high-impedance
state. The microphone bias voltage can be set by the
software to any one of four voltages (2.2V, 2.4V, 2.55V,
or 2.8V) by programming the Microphone Bias Level
Configuration register (Table 11).

Digital Microphone Inputs

Two pairs of inputs (IN1/IN2 and IN5/IN6) can also be con-
figured to interface to up to four digital microphones (Figure
7). IN5 and IN6 provide dedicated digital microphone input
to the secondary record path, while IN1 and IN2 can be
configured to accept analog input to the ADC or digital
microphone inputs. The record path DSP is automatically
switched to accept the appropriate digital microphone data
channel when enabled (Table 13). Both channels (left and
right) must be enabled to use the digital microphone inter-
face. When both DMIC1L and DMIC1R are enabled, the
digital microphone interface provides a digital microphone
clock on IN2/DMC1 and accepts PDM data on IN1/DMD1.
When both DMIC2L and DMIC2R are enabled, the digital
microphone interface provides a digital microphone clock

Ultra-Low Power Stereo Audio Codec

on IN6/DMC2 and accepts PDM data on IN5/DMD2. A
single digital microphone input cannot be paired with
a single analog microphone input. Left channel data is
accepted on falling clock edges while the right channel
data is accepted on the rising clock edges. See Figure 4
for timing requirements.

If DMIC2L and DMIC2R are enabled, the DAI must be
set to TDM mode. Two-channel interface formats (12S,
LJ, RJ) cannot be used when the secondary record path
is enabled.

To avoid any potential clipping and distortion, always
enable the record path DC-blocking filters to remove any
built-in DC offsets when using a digital microphone input
(AHPF and DMIC2_HPF, Table 28). The record path
biquad filter and digital gain and level control stages can
also be applied to digital microphone input signals.

Digital Microphone Clock Configuration

The digital microphone clock frequency (fpmc) can be
configured to any one of six settings using MICCLK[2:0]
(Table 13). The digital microphone clock is derived from
a PCLK divider, with available settings ranging incremen-
tally from fpc| k/2 to fpcLk/8. This wide range of available
digital microphone clock frequencies is intended to sup-
port both current and next generation digital microphones.
Table 12 lists the resulting clock frequencies for common-
ly used master clock (and resulting PCLK) frequencies.

Table 11. Microphone Bias Level Configuration Register

ADDRESS: 0x12
DESCRIPTION
BIT NAME TYPE |POR

7 _ _ I

6 _ _ I

5 _ _ I

4 _ _ I

3 _ _ I

2 _ _ I

1 0 | Microphone Bias Level Configuration

MBVSEL[1:0] R/W 00: 2.2V 10: 2.55V

0 0 01: 2.4V 11: 2.8V
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Table 12. Digital Microphone Clocks for Commonly Used Master Clocks Settings

Master Clock Frequency (fyicLk) 10MHz 11.2896MHz 12MHz 12.288MHz 13/26MHz 19.2MHz
fpoLK/2 5.0MHz 5.645MHz 6.0MHz 6.144MHz 6.5MHz —
fpck/3 | 3.333MHz | 3.763MHz 4.0MHz 4.096MHz | 4.333MHz 6.4MHz

Approximate Digital fpcLk/4 2.5MHz 2.822MHz 3.0MHz 3.072MHz 3.25MHz 4.8MHz
Microphone Clock
Frequency (fomc) fPcLK/S 2.0MHz 2.258MHz 2.4MHz 2.458MHz 2.6MHz 3.84MHz
fPcLK/6 1.667MHz 1.882MHz 2.0MHz 2.048MHz 2.167MHz 3.2MHz
fPcLk/8 1.25MHz 1.411MHz 1.5MHz 1.536MHz 1.625MHz 2.4MHz
{ SRDIV[20] | | DMICCLK[2(] }
- h’ | (S
IN2/DMCT y PCLK | '
DMic2 | DMIC2L oVICa ¢
CONTROL owczr RECORD —
*_ PATH DSP
< { DIGMICL |
IN1/DMD! CODI\’\IA1|'(I;1OL DMICILE N\ femmmmeeet .
DIGITAL
MIC LEFT
LEFT RECORD >
IN3 MUX PATH DSP
(et A0G oct
IN4 MIXER LEFT FLEXSOUND
TECHNOLOGY | DAI
DMICIR DSP
MICBIAS
MAX98091 DIGITAL RIGHT
MIC RECORD >
RIGHT PATH DSP
IN5/DMD2 ADC MUX
RIGHT ADC ADCR
IN6/DMC2 MIXER RIGHT
Uy
(
)
(
)

Figure 7. Digital Microphone Input Functional Diagram
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Secondary Record Path Sample Rate Configuration

The secondary record path can be configured to have a
lower sampling rate than the primary path. The relative
sampling rate for the secondary path is set with SRDIV
(Table 14). If a slower sampling rate is chosen for the

Table 13. Digital Microphone Enable

Ultra-Low Power Stereo Audio Codec

secondary record path there are empty data slots in the
serial output, which runs at the sampling frequency of
the primary path. ZEROPAD (Table 14) controls whether
these empty slots are filled with copies of the previous
sample or with zeros (Figure 8)

ADDRESS: 0x13

000: fDMC = fF’CLK/2
5 DMICCLK[2:0] RW | 0 | 001:fpme = fpeLk/3

010: fpmc = fpreLk/4
4 0 011: fpmc = fpcLk/5

DESCRIPTION
BIT NAME TYPE |POR
7 — — — | =
6 0 | Digital Microphone Clock Rate Configuration

100: fDMC = fPCLK/G

101: fDMC = fPCLK/8
110: Reserved

111: Reserved

Digital Microphone 2 Clock and Right Channel Enable
0: Digital microphone 2 right record disabled.
3 DIGMIC2R R/W 0 1: Digital microphone 2 right record enabled. Digital microphone clock is enabled when
channels 2L and 2R are both enabled.
Digital microphone 2 clock (DMC2) is enabled once both data channels are enabled.

Digital Microphone 2 Clock and Left Channel Enable
0: Digital microphone 2 left record disabled.
2 DIGMIC2L R/W 0 1: Digital microphone 2 left record enabled. Digital microphone clock is enabled when
channels 2L and 2R are both enabled.
Digital microphone 2 clock (DMC2) is enabled once both data channels are enabled.

Digital Microphone 1 Clock and Right Channel Enable
0: Right record channel uses on-chip ADC.
1 DIGMIC1R R/W 0 1: Right record channel uses digital microphone data input. Digital microphone clock is
enabled when both data channels are enabled.
Digital microphone 1 clock (DMC1) is enabled once both data channels are enabled.

Digital Microphone 1 Clock and Left Channel Enable
0: Left record channel uses on-chip ADC.
0 DIGMIC1L R/W 0 1: Left record channel uses digital microphone input. Digital microphone clock is
enabled when both data channels are enabled.
Digital microphone 1 clock (DMC1) is enabled once both data channels are enabled.
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Table 14. Secondary Record Path Configuration

Ultra-Low Power Stereo Audio Codec

ADDRESS: 0xC2
DESCRIPTION
BIT NAME TYPE | POR
7 — — — | =
6 — — S
5 — — — | =
Secondary Record Path Zero Padding Configuration
0: TDM data samples are repeated N times, where N is the division
4 ZEROPAD RIW L rate for the secondary record path set by DMIC34_SRDIV[2:0]
1: TDM data samples are interleaved with zero samples
3 — — — —
Secondary Record Path Sample Rate Configuration
000:  fpmc2 = fomct 100:  fpmc2 = fpomc1/6
2 SRDIV[2:0] R/W 0 001:  fpmc2 = fpomc1/2 101: Reserved
010:  fpmc2 = fomc1/3 110: Reserved
011:  fpmc2 = fomc1/4 111:  Reserved
TDM MODE ENABLED (SLOT 1 = DMIC1L, SLOT2 = DMIC1R, SLOT3 = DMIC2L, SLOT4 = DMIC2R),
CONDITIONS: 16-BIT WORDS, fpmic1 = 48kHz/fpmic2 = 16kHz (3:1), DMIC2 ZERO PADDING DISABLED
é DMIC1: FRAME 1 : DMIC1 FRAME2 ! DMIC1: FRAME 3 i DMIC1: FRAME 4 | DMIC‘I FRAME5 ! DMIC1: FRAME 6 ! i DMIC‘I FRAME 7 EETC
i DMIC2: FRAME 1 :DMICZ. REPEAT 1 | ; DMIC2: REPEAT 1 | DMIC2: FRAME 2 | { DMIC2: REPEAT 2 | DMIC2: REPEAT2 DMIC2: FRAME 3 {
; ; ; -~ ' : ;
LRCLK (FRAME 64 BCLK PERIODS
SYNC(PULSE) ” PER SYNC FRAME ” ” ” ” ” ” ”
soouroans o o D EEEEE
TDM MODE ENABLED (SLOT 1 = DMIC1L, SLOT2 = DMIC1R, SLOT3 = DMIC2L, SLOT4 = DMIC2R),
CONDITIONS: 16-BIT WORDS, fpmic1 = 48kHz/fpmic2 = 16kHz (3:1), DMIC2 ZERO PADDING ENABLED
DMIC1: FRAME 1 DMIC1: FRAME 2 DMIC1: FRAME 3 DMIC1: FRAME 4 DMIC1: FRAME 5 DMIC1: FRAME 6 DMIC1: FRAME 7 EETC
! DMIC2; FRAME 1 E DMIC2: ZEROPAD E DMIC2: ZEROPAD E DMIC2: FRAME 2 E DMIC2: ZEROPAD i DMIC2: ZEROPAD i DMIC2: FRAME 3 i '
LRCLK (FRAME 64 BCLK PERIODS
SYNC PULSE) ” PER SYNC FRAME ” ” ” ” ” ” ”
ZERO CODE ZERO CODE ZERO CODE ZERO CODE
soouronr 0 D HEEE

Figure 8. Secondary Record Path Sample Rate Division
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Digital Microphone Frequency Compensation

The digital microphone inputs can be configured to pro-
duce a wide range of digital microphone clock frequen-
cies. To optimize performance over the entire range of
available frequencies, the device provides configurable
frequency range and compensation settings. Once the
master clock (and thus prescaled clock) frequency is
decided, and the digital microphone clock divider is cho-
sen, the digital microphone frequency range bits should
be programmed to the correct range (DMIC_FREQ,
Table 15). If quick configuration mode is used and a
system clock bit is selected (Table 41), then the device
automatically calculates and selects the correct range
once the digital microphone clock divider is configured.

DIGITAL MICROPHONE COMPENSATION FILTER
RESPONSE vs. NORMALIZED FREQUENCY
25

DMIC_COMP =6

20 DMIC_COMP =5

DMIC_COMP =4

DMIC_COMP =3
DMIC_COMP =2
DMIC_COMP =1

DMIC_COMP =0

N\
DAL

COMPENSATION FILTER RESPONSE (dB)

7
05 /
DMIC_COMP =8

|| DMIC_COMP =7

0
Oxfs 0.1xfs 02xfs 03xfs 04xfs 05xfs

NORMALIZED FREQUENCY

Figure 9. Digital Microphone Compensation Filter Frequency
Response

Table 15. Digital Microphone Configuration

Ultra-Low Power Stereo Audio Codec

The digital microphone inputs also provide a configurable
frequency compensation filter with nine frequency response
settings (Figure 9). Every sample rate and MCLK/PCLK
frequency (and the resulting digital microphone clock
frequency) combination results in a different baseline fre-
quency response. Tables 16—21 provide the recommended
compensation filter settings for the most commonly used
PCLK frequency and sample rate combinations. Choose
the PCLK divider that results in the DMC clock frequency
closest to the optimal frequency for the built in digital MIC
hardware, and then set the correct DMIC frequency range
(DMIC_FREQ, see Table 15). Then, based on the desired
sample rate, select the appropriate compensation settings
from Table 15 (DMIC_COMP).

If the system PCLK frequency does not match one of
these commonly used rates, then refer to the table for the
PCLK frequency that is closest (e.g, if the system PCLK
frequency is 12.5MHz, see Table 18 as 12.288MHz is the
closest common PCLK frequency). As before, choose
the PCLK divider that results in the optimal DMC clock
frequency, and set the appropriate DMIC frequency range
(DMIC_FREQ, Table 15). Then choose the compensation
settings based on the row that is the closest match to the
configured DMC frequency. Similarly, for nonstandard
sample rates choose the column with the common value
closest to the actual system sample rate.

In quick configuration mode, once both the system clock and
sample rate bits are selected (Table 41 and Table 42), the
device automatically selects the recommended response
curve once the digital microphone clock divider is config-
ured. The digital microphone input does not support sam-
ple rates in excess of 48kHz (where DHF = 1, Table 28).

ADDRESS: 0x14
BIT NAME TYPE

POR

DESCRIPTION

Digital Microphone Compensation Filter Configuration

DMIC_COMP[3:0] | RMW

oO|Oo|O | O

0000-1000: Figure 8 details the available compensation filter configurations.
1001-1111: Configures the compensation filter to a pass through response.
The compensation filter response scales with the sample rate up to the Nyquist
bandwidth limit (fg/2). Automatically decoded in quick configuration mode.

Nfw|[dh|jlOo|O® (N

1 RIW 0
DMIC_FREQ[1:0]
0 RIW 0

Digital Microphone Frequency Range Configuration

00: fppmc < 3.5MHz 10: 4.5MHz < fpme

01: 3.5MHz < fppc < 4.5MHz 11: Reserved

If any of the system clock quick configuration bits in register 0x04 are set, then the
frequency range configuration is automatically decoded.
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Table 16. Recommended Compensation Filter Settings for fpcLk = 11.2896 MHz

Ultra-Low Power Stereo Audio Codec

fpoLk = fmcLk | PSCLK (See Table 39) RECOMMENDED DMIC_COMP SETTING BY SAMPLE RATE (kHz)
MICCLK | DIVIDER fome (MHz) DMIC_FREQ 8 16 32 44.1 48

0 focLK/2 5.6448 2 7 8 3 3 3

1 focLk/3 3.7632 1 7 8 2 2 2

2 focLK/4 2.8224 0 7 8 3 3 3

3 focLk/5 2.25792 0 7 8 6 6 6

4 focLK/6 1.8816 0 7 8 3 3 3

5 focLK/8 1.4112 0 7 8 3 3 3

Table 17. Recommended Compensation Filter Settings for fpcLk = 12MHz

fpeLk = fmcLk | PSCLK (See Table 39) RECOMMENDED DMIC_COMP SETTING BY SAMPLE RATE (kHz)
MICCLK | DIVIDER | fpyc (MHz) DMIC_FREQ 8 16 32 44.1 48

0 focLK/2 6 2 7 8 3 3 3

1 focLk/3 4 1 7 8 2 2 2

2 focLK/4 3 0 7 8 3 3 3

3 focLk/5 2.4 0 7 8 5 5 6

4 focLK/6 2 0 7 8 3 3 3

5 focLK/8 15 0 7 8 3 3 3

Table 18. Recommended Compensation Filter Settings for fpcLk = 12.288MHz

fpcLk = fmcLk / PSCLK (See Table 39) RECOMMENDED DMIC_COMP SETTING BY SAMPLE RATE (kHz)
MICCLK | DIVIDER | fpuc (MHz) DMIC_FREQ 8 16 32 44.1 48
0 focLK/2 6.144 2 7 8 3 3 3
1 frcLk/3 4.096 1 7 8 2 2 2
2 focLK/4 3.072 0 7 8 3 3 3
3 focLK/5 2.4576 0 7 8 6 6 6
4 focLK/6 2.048 0 7 8 3 3 3
5 frcLK/8 1.536 0 7 8 3 3 3
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Table 19. Recommended Compensation Filter Settings for fmcLk = 13MHz/26MHz

Ultra-Low Power Stereo Audio Codec

fpcLk = fmcLk / PSCLK (See Table 39) RECOMMENDED DMIC_COMP SETTING BY SAMPLE RATE (kHz)

MICCLK | DIVIDER fomc (MHz) DMIC_FREQ 8 16 32 441 48

0 frcLk/2 6.5 2 7 8 1 1 1

1 fPcLK/3 4.333 1 7 8 0 0 1

2 fpoLk/4 3.25 0 7 8 1 1 1

3 fPcLKk/5 2.6 0 7 8 4 4 5

4 fPcLK/6 2.167 0 7 8 1 1 1

5 fPcLK/8 1.625 0 7 8 1 1 1

Table 20. Recommended Compensation Filter Settings for fycLk = 19.2MHz

fpcLk = fmcLk / PSCLK (See Table 39) RECOMMENDED DMIC_COMP SETTING BY SAMPLE RATE (kHz)

MICCLK | DIVIDER fomc (MHz) DMIC_FREQ 8 16 32 441 48

0 fpcLk/2 — — — — — — —

1 frcLk/3 6.4 2 7 8 1 1 1

2 fpcLk/4 4.8 2 7 8 5 5 6

3 fPcLK/5 3.84 1 7 8 2 2 3

4 fPcLK/6 3.2 0 7 8 1 1 2

5 fPcLKk/8 2.4 0 7 8 5 5 6

Table 21. Recommended Compensation Filter Settings for fycLk = 256 x fg

fpcLk = fmcLk / PSCLK (See Table 39) RECOMMENDED DMIC_COMP SETTING BY SAMPLE RATE (kHz)

MICCLK | DIVIDER fomc (MHz) DMIC_FREQ 8 16 32 441 48

0 fpcLk/2 — — 7 8 3 3 3

1 fPcLk/3 — — 7 8 2 2 2

2 fpcLk/4 — — 7 8 3 3 3

3 fPcLKk/5 — — 7 8 6 6 6

4 fPcLK/6 — — 7 8 3 3 3

5 fPcLKk/8 — — 7 8 3 3 3
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Analog Line Inputs

The device includes multiple line level input options
and two analog line input programmable gain amplifiers
(PGAs, Figure 10). The line input structure supports mul-
tiple configurations including stereo single-ended inputs,
stereo differential inputs, and stereo mixed single-ended
inputs (any two per line input mixer).

Ultra-Low Power Stereo Audio Codec

Analog Line Input Mixers

The analog line input mixer allows the selection of either
single-ended or differential inputs to each line input chan-
nel (Table 22). The line A input mixer can accept single-
ended inputs from IN1, IN3, and IN5, or a differential input
from IN3 and IN4 (IN3/IN4). The line B input mixer can
accept single-ended inputs from IN2, IN4, and IN6, or a

WICES DL
"""" ; t LINAPGA(Z0] | {
IN1/DMD1 IN1 l
IN2/DMCH N3 | LNE A -6dB/0dB . Y 648702008
IN5 | INPUT LINE A
IN3-IN4 | MIXER _ PeA ADC
LEFT
A MIXER
A LINEA
INSEEN
MIC 1 IN3SEEN LINEAEN LINEB
N3 MIC 1 INSSEEN EXTBUFA
IN34DIFF
IN4
MAX98091
MIC 2
IN2SEEN
Mic2 IN4SEEN LINEBEN ADC
IN6SEEN EXTBUFB RIGHT
Y IN65DIFF MIXER
N2 / l LINEA
-6dB/0dB -6dB TO 20dB
IN4 | | INEB + LINEB
IN6/DMC2 N6 | INPUT L'IDI\IGEAB
INS/DMD2 NGNS | MXER - ) SO
i | MXADR(6
______ f I LINBPGA[2:0] | ==z ANALOG
!MIXG246 1 T OUTPUT
""""""""""" P> MIXERS
)
)
Figure 10. Analog Line Input Functional Diagram
Table 22. Line Input Mixer Configuration Register
ADDRESS: 0x0D
DESCRIPTION
BIT NAME TYPE |POR
7 IN34DIFF R/W 0 | Selects IN3, IN4 differentially as an input to the line A mixer.
6 IN65DIFF R/W 0 | Selects ING, IN5 differentially as an input to the line B mixer.
5 INTSEEN R/W 0 | Selects IN1 single ended as an input to the line A mixer.
4 IN2SEEN R/W 0 | Selects IN2 single ended as an input to the line B mixer.
3 IN3SEEN R/W 0 | Selects IN3 single ended as an input to the line A mixer.
2 INASEEN R/W 0 | Selects IN4 single ended as an input to the line B mixer.
1 INSSEEN R/W 0 | Selects IN5 single ended as an input to the line A mixer.
0 IN6SEEN R/W 0 | Selects IN6 single ended as an input to the line B mixer.
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differential input from IN5 and IN6 (IN6/IN5). Internally,
all analog signal paths are differential. As a result, single-
ended inputs have a built in baseline gain of +6dB (from
the single-ended to differential conversion) while differen-
tial inputs have 0dB of built in gain.

The line input mixer can also be set to accept and mix
any two single-ended inputs. To facilitate full-scale sig-
nals, when mixing two single-ended inputs an optional
-6dB of attenuation is available (MIXG135 and MIXG246,
Table 24). The line input mixer attenuation setting has
no effect if enabled when only a single input source is
selected. If a differential input to either mixer is enabled,
any single-ended inputs that are also selected are ignored,
and the mixer accepts only the differential input.

Analog Line Input PGAs

To facilitate a wide range of input signal levels, each analog
line input includes a coarse programmable gain amplifier
(PGA) that can provide from 6dB of attenuation to 20dB
of signal gain. The line inputs are then routed to either the
ADC mixer (record) or analog outputs (playback).

Ultra-Low Power Stereo Audio Codec

If the line input signal exceeds full scale and requires
additional attenuation, the external gain mode provides
trimmed internal feedback resistors (20kQ) for custom
gain levels. Line input external gain mode is not intended
to provide positive gain, and as such for optimal perfor-
mance any gain of -6dB of higher should be set using the
provided internal PGA gain settings.

Differentially, the external line input gain is set by using
two precision (1% or better), well-matched series input
resistors (Figure 10). Use the following formula to calcu-
late the appropriate differential series input resistors:

Av_EXTLINE = 20 x log (20kQ/Rs_EXT)

For single-ended inputs, the external line input gain is set
using a single precision (1% or better) series input resis-
tor (Figure 11). However, due to the internal single-ended
to differential conversion, this configuration creates an
unbalanced differential amplifier configuration (configured
external gain paired with a fixed internal gain of +6dB).
Table 23 provides the appropriate series resistance val-
ues for common attenuation settings.

Table 23. External Gain Mode Series Resistance Values

LINE INPUT Rs_gxt
EXTERNAL GAIN (dB) DIFFERENTIAL (kQ) SINGLE-ENDED (kQ)
Av_EXTLINE =-9.5 60 84.5
Av_EXTLINE =-12.0 80 15
Av_EXTLINE = -15.0 12 165
Av_EXTLINE =-18.0 160 237
DIFFERENTIAL LINEINPUT SINGLE-ENDED LINEINPUT
RFB_INT+ = 20kQ Rrg_INT+ = 20kQ
Rs_ExT+ Rs_ExT+
VIN_DIFF+ + INEA — VIN_SINGLE-ENDED +UNER —
A AVAVAY: - Pea — E Veommon_mone —A\/\/\/ S —
Rs_ExT- : Rs ExT-=15kQ
RFB_INT- = 20kQ E RFB_INT- = 30kQ
/\/\/\/ « E /\/\/\/ «

Figure 11. Analog Line Input External Gain Configurations
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Table 24. Line Input Level Configuration Register

ADDRESS: 0x0E
BIT NAME TYPE |POR

DESCRIPTION

7 MIXG135 R/W 0 0: Normal line A mixer operation.

Enable for a -6dB Reduction for Two Single-Ended Line A Mixer Inputs

1: Gain is reduced by -6dB when two single-ended inputs are selected.

6 MIXG246 R/W 0 0: Normal line B mixer operation.

Enable for a -6dB Reduction for Two Single-Ended Line B Mixer Inputs

1: Gain is reduced by -6dB when two single-ended inputs are selected

5 0 | Line Input A Programmable Internal Preamp Gain Configuration

4 LINAPGA[2:0] RW | 1 | 000:20dB 010: 3dB 100: -3dB

3 1 001: 14dB 011: 0dB 101, 110, 111: -6dB
2 0 | Line Input B Programmable Internal Preamp Gain Configuration

1 LINBPGA[2:0] RW | 1 | 000:20dB 010: 3dB 100: -3dB

0 1 001: 14dB 011: 0dB 101, 110, 111: -6dB

Table 25. Input Mode and Source Configuration Register

ADDRESS: 0x0F
DESCRIPTION
BIT NAME TYPE |POR
7 EXTBUFA R/W 0 | Selects external resistor gain mode for line input A.
6 EXTBUFB R/W 0 | Selects external resistor gain mode for line input B.
5 — — — =
4 — — — =
3 — — — =
2 — — — =
External Microphone (IN6, IN5) Input Control Configuration
1 0 00: External microphone disabled: 10: External microphone to MIC 2.
IN1/IN2 selected for MIC 1 IN1/IN2 selected for MIC 1
EXTMIC[1:0] R/W IN3/IN4 selected for MIC 2 IN5/ING selected for MIC 2
01: External microphone to MIC 1. 11: Reserved
0 0 IN5/IN6 selected for MIC 1
IN3/IN4 selected for MIC 2
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Analog Input PGA to Analog Output Mixer

The analog line input PGA and analog microphone PGA
outputs can be routed directly to any of the analog out-
put mixers. This configuration allows the analog inputs
to operate as line or microphone level input amplifiers
capable of driving headphone, speaker, receiver, or line
output loads. The analog inputs can also be mixed with
the DAC outputs to any of the available analog output
mixers. The figures in the appropriate analog input and
output sections detail the signal routing.

Ultra-Low Power Stereo Audio Codec

Analog Full-Scale Direct to ADC Mixer Inputs

The analog inputs can also be configured to accept and
route differential analog signals directly to the ADC mixers
(record path, Figure 12). By disabling and bypassing the
analog microphone and line input gain stages, this mode
provides a reduced power configuration for full-scale (up
to 1VRms) analog input signals. Unlike the analog micro-
phone and line input configurations, this mode does not
allow the input signals to be routed directly to the analog
output mixers (playback path, Figure 32).

o MIXADL[6:0] |
IN1/DMD1 IN1-IN2
IN2/DMC1 IN3-IN4
IN5-IN6
ADC
LEFT
MIXER
IN3
IN4
IN1-IN2
IN3-IN4
IN5-IN6
ADC
RIGHT
IN5/DMD2 MIXER
IN6/DMC2
MAX98091 ,____..t ______
{ MIXADR[6:0] |

\J

ADCHP
OSR128
ADCDITHER

FLEXSOUND
TECHNOLOGY
DSP

%
\/

(
)

(

)

Figure 12. Analog Direct to ADC Mixer Input Functional Diagram
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Audio Record Path

The device includes two independent record paths. The
primary record path includes a stereo ADC with configu-
rable mixers that can accept input from the microphone
PGAs, line input PGAs, or directly from any of the analog
input pairs differentially. Alternatively, the primary path
can be configured to accept input data from up to two digi-

Ultra-Low Power Stereo Audio Codec

tal microphones (Figure 13). The secondary path includes
a dedicated stereo digital microphone interface to allow
up to four channels of input to the device. Both record
paths include several stages of DSP to process the input
signals before being passed to the digital audio interface
(DAL, Figure 16).
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Figure 13. Record Path Block Diagram
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Analog-to-Digital Converter (ADC)

The stereo ADC architecture includes two independent
audio paths and provides a flexible, fully configurable
input mixer, two performance and power based con-

Ultra-Low Power Stereo Audio Codec

figuration options, oversampling rate selection, and an

input dither option (Figure 14). Both ADC channels can
be enabled independently allowing the device to support
both stereo and left or right mono configurations (Table 7).
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Figure 14. Record Path ADC Section
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ADC Functional Configuration

The ADC can be configured into one of two operating
modes. One operating mode is optimized for maximum
dynamic performance while the other is optimized for
lower power consumption (Table 5). Input dither can also
be added to the ADC record path. This feature consumes
almost no appreciable power, but raises the RMS level of
the noise floor slightly at the high end of the audio band.

The ADC supports both an over sampling rate (OSR) of
64 and 128 times the configured sampling frequency (fg).
An OSR of 128 x fg optimizes ADC performance at the
cost of slightly more power consumption than an OSR of
64 x fg.

The DSP timing, however, places some limitations on
which OSR can be used. For voice applications using
standard (fg = 8kHz) and wideband (fg = 16kHz) sampling
rates, the DSP is typically configured to utilize the voice
filters (IIR). If the voice filters are enabled, the OSR is
automatically configured to 128 x fg and cannot be manu-
ally reprogrammed in order to meet timing requirements.

In most standard music/full audio range applications
(where fg = 32kHz, 44.1kHz, 48kHz, etc.) the music filters
(FIR) are used. If the music filters are enabled, the OSR
can be configured manually, however, the prescaled mas-
ter clock (PCLK) must always be at least twice the fre-
quency of the ADC sampling clock. To ensure this condi-
tion is met, if fpcLk < 256 x fg, then the OSR must be set
to 64 x fg. In addition, if the sampling rate exceeds 48kHz
(DHF = 1, such as fg = 96kHz), then the OSR must be
configured to 64 x fg regardless of the ratio. In any other
music filter configuration, OSR = 128 can be selected as
desired for optimal ADC performance.

www.maximintegrated.com
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ADC Input Mixer Configuration

The device allows for each ADC input mixer to be con-
figured separately to accept any combination of valid
input sources. The ADC mixers can accept input from
the microphone PGAs (1 or 2), line input PGAs (A or B),
or directly differentially from any of the analog input pairs
(IN1/IN2, IN3/IN4, or IN5/INB). The ADC input mixers then
route the selected sources to the left and right ADC inputs
(Tables 26 and Table 27).

Record Path FlexSound DSP

The digital record path is part of the FlexSound technol-
ogy DSP and comprises multiple sequential DSP blocks.
The first DSP stage contains digital filters including a voice
filter (IIR), music filter (FIR), and a highpass DC-blocking
filter. The next stage is a digital biquad filter with a preat-
tenuation amplifier, and it is followed by a digital gain and
level control stage. The record path DSP also features a
digital sidetone path that is routed to and mixed into the
digital playback path (Figure 14).

Record Path Digital Filters

The record path DSP includes a digital filter stage. One
filter, set with the MODE bit (Table 28), offers the choice
between the IIR voice filters and the FIR music filters. The
lIR filters are optimized for standard (fg = 8kHz) and wide-
band (fg = 16kHz) voice applications, while the FIR filters
are optimized for low power operation at higher audio/
music sampling rates. For sampling rates in excess of
48kHz (f_rcLK > 48kHz), use the FIR music filters and set
the DHF bit. The MODE configuration selected applies to
both channels of both the record and playback path DSP.

The record path DSP also features a DC-blocking filter.
This filter can be used with both the IIR voice and FIR
music filters, and blocks low frequency (including DC)
input signals outside of the lower end of the audio band.
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Table 26. Left ADC Mixer Input Configuration Register

ADDRESS: 0x15
DESCRIPTION
BIT NAME TYPE |POR
7 J— R P R
6 R/W 0 | Selects microphone input 2 to left ADC mixer.
5 R/W 0 | Selects microphone input 1 to left ADC mixer.
4 R/W 0 | Selects line input B to left ADC mixer.
3 MIXADL[6:0] R/W 0 | Selects line input A to left ADC mixer.
2 R/W 0 | Selects IN5/ING6 differential input direct to left ADC mixer.
1 R/W 0 | Selects IN3/IN4 differential input direct to left ADC mixer.
0 R/W 0 | Selects IN1/IN2 differential input direct to left ADC mixer.

Table 27. Right ADC Mixer Input Configuration Register

ADDRESS: 0x16
DESCRIPTION
BIT NAME TYPE | POR
7 — — N
6 R/W 0 | Selects microphone input 2 to right ADC mixer.
5 R/W 0 | Selects microphone input 1 to right ADC mixer.
4 R/W 0 | Selects line input B to right ADC mixer.
3 MIXADR][6:0] R/W 0 | Selects line input A to right ADC mixer.
2 R/W 0 | Selects IN5/ING6 differential input direct to right ADC mixer.
1 R/W 0 | Selects IN3/IN4 differential input direct to right ADC mixer.
0 R/W 0 | Selects IN1/IN2 differential input direct to right ADC mixer.
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Figure 15. Record Path FlexSound Technology DSP Block
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Table 28. DSP Filter Configuration Register

ADDRESS: 0x26

BIT

NAME

TYPE

POR

DESCRIPTION

MODE

R/W

Configures the Codec Record and Playback DSP Filters
0: The codec DSP filters operate in IIR voice mode with stopband frequencies below
the fg/2 Nyquist rate. The voice mode filters are optimized for 8kHz or 16kHz voice
application use.
1: The codec DSP filters operate in a linear phase FIR audio mode optimized to
maintain stereo imaging and operate at higher fg rates while utilizing lower power.

AHPF

R/W

Enables the Primary Record Path DC-Blocking Filter
0: DC-blocking filter disabled.
1: DC-blocking filter enabled.

DHPF

R/W

Enables the Playback Path DC-Blocking Filter
0: DC-blocking filter disabled.
1: DC-blocking filter enabled.

DHF

R/W

Enables the DAC High Sample Rate Mode (LRCLK > 48kHz, FIR Only)
0: LRCLK is less than 48kHz. 8x FIR interpolation filter used.
1: LRCLK is greater than 48kHz. 4x FIR interpolation filter used.

DMIC2_MODE

R/W

Configure the Secondary Record Path DSP Filters
0: The secondary record path DSP filters operate in IIR voice mode with stopband
frequencies below the fg/2 Nyquist rate. The voice mode filters are optimized for 8kHz
or 16kHz voice application use.
1: The secondary record path DSP filters operate in a linear phase FIR audio mode
optimized to maintain stereo imaging and operate at higher fg rates while utilizing
lower power.

DMIC2_HPF

R/W

Enables the Secondary Record Path DC-Blocking Filter
0: DC-blocking filter disabled.
1: DC-blocking filter enabled.
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Record Path Biquad Filter

Each record path has a single-stage biquad filter with
programmable preattenuation. The dig