EVALUATION KIT AVAILABLE

MAX98090

General Description

The MAX98090 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 (WLP) 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
amplification, features low radiated emissions, supports
filterless operation, and can drive both 4Q and 8Q loads.
The DirectDrive® stereo Class H headphone ampli-
fier provides a ground referenced output eliminating the
need for large DC-blocking capacitors. The device also
includes a differential receiver (earpiece) amplifier that
can be reconfigured as a stereo single-ended line output.

Simplified Block Diagram
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Features and Benefits
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» Playback Path 7-Band Parametric EQ
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Jack Detection and Identification

e Differential Receiver Amplifier/Stereo Line Output
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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.......cccoooiiiiiiiinieneieene -0.3V to +2.2V HPL, HPR ... (Vcpvss - 0.3V) to (Vepypp + 0.3V)
SPKLVDD, SPKRVDD, DVDDIO .......ccccocevrurnenn. -0.3V to +6.0V RCVP/LOUTL........... (VspkLaND - 0.3V) to (VspkLypD * 0.3V)
DGND, HPGND, SPKLGND, SPKRGND............. -0.1V to +0.1V RCVN/LOUTR.......... (VspkLaND - 0.3V) to (VspkLypp + 0.3V)
CPVDD...ccooeiieiieieiee (VHPGND - 0.3V) to (VHpPGND * 2.2V) SPKLP, SPKLN ........ (VspkLaND - 0-3V) to (VspkLvpD + 0.3V)
CPVSS ... (VHPGND - 2-2V) to (VHpgnD * 0.3V) SPKRP, SPKRN ...... (VsPkrGND - 0.3V) to (VspkrvDD * 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 ..ot -0.3V to (VgpkLvpD * 0.3V) WLP (derate 23.8mW/°C above +70°C).......ccccccceeriennenne 1.9W
REF, BIAS ..ot -0.3V to (Vaypp + 0.3V) TQFN (derate 35.7mW/°C above +70°C)..........ccccceueene 2.86W
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 (64) -......... 42°C/W Junction-to-Ambient Thermal Resistance (8j4) -......... 28°C/W
Junction-to-Case Thermal Resistance (8c)......c.c....... 2°C/IwW

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

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvDD = VsPKRVDD = VspkvpD = 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 = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-cip =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tiax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
POWER SUPPLY
VspKLvDD: VSPKVDD: 28 37 55
VSPKRVDD
Guaranteed b
Supply Voltage Range PgRR (Note 33; VavbpDs VHPVDD 1.65 1.8 2 Vv
VpvDD 1.08 1.2 1.98
VpvDDIO 1.65 1.8 3.6
Full-duplex 8kHz | Analog 1.94 35
mono, receiver | Speaker 0.73 2
output Digital 0.97 1.2
DAC playback | Analog 1.45 2
. 48kHz stereo,
Quiescent Supply Current (Note 4) VDD headphone Speaker 0 0.005 mA
outputs Digital 1.04 1.3
DAC playback Analog 0.91 2.4
48kHz stereo, Speaker 2.18 3
speaker outputs Digital 105 13
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MAX98090

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX [UNITS
REF Voltage 1.25 Vv
BIAS from resistive division (BIAS_MODE 0.90
= O) :
BIAS Voltage \
BIAS from bandgap 0.78
(BIAS_MODE = 1) '
Analog 1 10
Shutdown Supply Current (Note 4) Tp=+25°C Speaker 1 5 MA
Digital 2.1 20
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 (IIR voice),
A-weighting filter applied 90 96 dB
Av_MICPRE = 20dB, V|\ = 90mVRps, 82 75
f = 1kHz,
Total Harmonic Distortion + Noise | THD+N | AV_MICPRE = 0dB. ViN = 900mVRus. -91 dB
Av_micpRe = 30dB, 73
V|N = 28.5mVRwps, f= 1kHz
Common-Mode Rejection Ratio CMRR |f=217Hz, V|\y_cm = 100mVp_p 59 dB
Vavpp = 1.65V to 2.0V,
input referred 40 57
P’\?V\t/eréSupply Rejection Ratio PSRR f=217Hz 60 dB
(Note 3) VRIPPLE = 100mVp.p, [T - 50
input referred
f = 10kHz 59
MODE =0
(voice) 8kHz 22
1kHz, 0dB input, ?/'O,DE) TsOkH 11
; . ; voice z
Path Phase Delay highpass filter disabled ms
measured from analog | MODE = 1
input to digital output (music) 8kHz 4.5
MODE = 1 08
(music) 48kHz ’
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MAX98090

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX |UNITS
Gain Error DC accuracy 1 6.2 %
DIFFERENTIAL (ANALOG MICROPHONE) PREAMP and PGA
Full-Scale Input Av_micpre = 0dB VRMS
PA_EN[1:0] = 01 0
Microphone Preamplifier Gain Av_micprEe | (Note 6) PA_EN[1:0] = 10 19 20 21 dB
PA_ENI[1:0] = 11 29 30 31
i i i PGAM_[4:0] = 0x00 19 20 21
I(\Qg'z;)hone Level Adjust Gain Av MicPaa | (Note 6) pGAM:L:oi s . dB
MIC Input Resistance RIN_MIC ?r!g:si:rséztﬁs?r?;é ’lizi‘gfd atIN_ 28 50 kQ
MICROPHONE BIAS
lLoaD = TmA, MBVSEL[1:0] = 00 21 22 23
lLoaD = TmA, MBVSEL[1:0] = 01 2.3 24 25
MICBIAS Output Voltage VMICBIAS V
lLoaD = TmA, MBVSEL[1:0] = 10 2475 2.57 2.7
lLoaD = TmA, MBVSEL[1:0] = 11 2.7 2.8 29
= WLP +0.085 $0.5
Load Regulation bg@gEL}?g\]t: 0 TQFN 0085 075 | "
Line Regulation Z%F(’)KLVDD =28V 10 5.5V, MBVSEL[1:0] +0.01 +1 mv
f=217Hz 95
Ripple Rejection Zﬁlggrﬁ/és_EKLVDD) f=1kHz 97 dB
f=10kHz 85
_ A-weighted, f = 20Hz to 20kHz 7.4 HVRMS
Noise Voltage
f=1kHz 52.3 nVAHZ|
SINGLE-ENDED (LINE) INPUT TO ADC PATH
Dynamic Range (Note 5) DR f1s(|=:|‘|;8|a(ﬂdzi’of)MCLK = 12.288MHz, MODE = 98 dB
Total Harmonic Distortion + Noise THD+N | V|N =0.222VRps, f = 1kHz -85 -80 dB
SINGLE-ENDED (LINE) INPUT PGA
Full-Scale Input VIN 05 VRMS
AV_EXTERNAL =-6dB, EXTBUF =1 1
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MAX98090 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX [UNITS
PGALIN = 0x0 18 20 215
PGALIN = 0x1 13 14 15
PGALIN = 0x2 2 3 4
Line Input Level Adjust Gain (PGA) | Ay_LINEPGA | (Note 6) PGALIN = 0x3 -1 0 +1 dB
PGALIN = 0x4 -4 -3 -2
Ao I
Line Input Amplifier Gain Av_LINEAMP | Single-ended only 6 dB
Input Resistance RiNn 14 20 kQ
Feedback Resistance RINFB |Ta=+25°C 19 20 21 kQ
DIGITAL LOOP-THROUGH: RECORD OUTPUT TO PLAYBACK INPUT PATH
Dynamic Range (Note 5) DR 23(;&8:?;'0 f)'V'CLK = 12.288MHz, MODE = 97 dB
Total Harmonic Distortion + Noise | THD+N qlg.zslali\i/l—ﬁzfsmchgéizi f('\lﬁfRU;; o) -83 72 | 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 ]CR;;EH=Z’3§8UT = 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
VspkLvDD = 2.8V to 5.5V 68.4 80
2 iecti i f=217Hz 77
I(Dr\cl)(\)/\tlzr:;upply Rejection Ratio PSRR VeppLe = 100mVe s e — dB
f = 10kHz 69
RECEIVER AMPLIFIER (Note 7)
RRec = 32Q, f = 1kHz, THD < 1%, BIAS_ 97
MODE =0
Output Power PouT mwW
RRec = 32Q, f = 1kHz, THD < 1%, BIAS_ 74
MODE = 1
Full-Scale Output Av_RECPGA = 0dB (Note 8) 1 VRMS
Receiver Volume Control (PGA) Ay RecpPaA | (Notes 6 and 9) RCVLYOL = 0x00 63 il 995 dB
- RCVLVOL = 0x1F +7.2 +8 +8.75
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MAX98090 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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 5 dB
(Note 9)
-14dB to -38dB 3
-38dB to -62dB 4
Mute Attenuation f=1kHz 87 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 dBvV
per second, Out of shutdown -68
Ay rRec =0dB
i RL =32Q 500
Capacitive Drive Capability No ﬁluitalned L pF
oscillations R = 100
DAC PLAYBACK PATH TO LINEOUT AMPLIFIER PATH
Dynamic Range (Note 5) DR fg = 48kHz, fyyoLk = 12.288MHz 100 dB
Total Harmonic Distortion + Noise THD+N f= 1kHz, R oyt = 10k -86 -70 dB

(0.5VRs output level)
SINGLE-ENDED ANALOG INPUT TO LINE OUT AMPLIFIER PATH

Dynamic Range (Note 5) DR 98 dB
f=1kHz, R oyt = 10kQ

Total Harmonic Distortion + Noise THD+N (0.5VRus output level) -86 dB
Vspk_vpD = 2.8V to 5.5V 60 74
_ iecti i f=217Hz 74
z\?;\t/:r;upply Rejection Ratio PSRR VeuppLe = 100mVep T2 Tkt . dB
f = 10kHz 73
LINE OUT AMPLIFIER (Note 7)
Full-Scale Output (Note 8) 0.707 VRMS
Line Output Amplifier Gain Av_LOUTAMP -3 dB
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MAX98090

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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 = OXOO '63 '61 '595
A Notes 6 and 9 dB
Control (PGA) v_Loutpea (Notes 6and 9) o -0 S0 aF +7.2 +8 +8.75
8dB to 6dB 0.5
6dB to 0dB 1
Volume Control Step Size 0dB to -14dB D) dB
(Note 9)
-14dB to -38dB 3
-38dB to -62dB 4
Mute Attenuation f=1kHz 87 97 dB
i R =1kQ 500
Capacitive Drive Capability No ?Iu?talned LOUT pF
oscillations RLouT = = 100
DAC PLAYBACK PATH TO SPEAKER AMPLIFIER PATH
Dynamic Range (Note 5) DR 91 dB
s . . f = 1kHz, Poyt = 200mW, Zgpk = 8Q + R
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 MVRMS
DIFFERENTIAL ANALOG INPUT TO SPEAKER AMPLIFIER PATH
Dynamic Range (Note 5) DR Output referenced to 2VRrps 91 dB
L ) ) f=1kHz, PoyTt = 200mW, R
Total Harmonic Distortion + Noise THD+N Zspi = 80 + 68uH 70 dB
Output Noise 28 MVRMS
Vspk_vDD= 2.8V to 5.5V 50 80
- iecti i f=217Hz 68
E’,\(l)c\)/\tlzrs?upply Rejection Ratio PSRR dB
VRipPLE = 100mVp_p f=1kHz 67
f=10kHz 61
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MAX98090

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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
SPEAKER AMPLIFIER (Note 7)
VSPK_VDD =5.0V 1450
f=1kHz, THD+N |Vgpk vpD = 4.2V 1000
=1%, Zspk = N
80 + 68H, WLP | YSPK_vDD = 3.7V 780
package Vspk_vpD = 3.3V 600
V =3.0V 500
Output Power Pout SPK VDD mwW
Vspk_vpD = 5.0V 1800
f=1kHz, THD+N |Vgpk vpD = 4.2V 1250
=10%, Zspk = T
80 + 68uH, WLP | VSPK_vDD = 3.7V 970
package Vspk_vpD = 3.3V 760
VSPK_VDD =3.0V 620
Vspk_vpD = 9.0V 2600
f=1kHz, THD+N |Vgpk vDD = 4.2V 1800
= 1%, Zgpk = o
4Q + 33pH, wLp | VSPK_vDD =37V 1400
package Vspk_vpp = 3.3V 1100
V =3.0V 900
Output Power Pout SPK VDD mwW
VSPK_VDD =5.0V 3250
f=1kHz, THD+N |Vspk vpD = 4.2V 2250
=10%, ZSPK = B _
40 + 33uH, WLP Vspk_vpD = 3.7V 1700
package Vspk_vpD = 3.3V 1350
VSPK_VDD =3.0V 1100
Full-Scale Output Ay _spk = +6dB (Note 8) 2 VRMS
Speaker Output Amplifier Gain Av_SPKAMP +6 dB
SPVOLL = 0x00 -51 -48 -44.5
Speaker Volume Control (PGA) Ay spkpca | (Notes 6 and 9) dB
- SPVOLR = Ox1F 13 14 15
14dB to 9dB 0.5
) +9dB to -6dB 1
Volume Control Step Size 6dB to -14dB D) dB
(Note 9)
-14dB to -32dB 3
-32dB to -48dB 4
Mute Attenuation f=1kHz 76 84 dB
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MAX98090

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PouTt =5mW, f = 1kHz, Ryp = 32Q

PARAMETER SYMBOL CONDITIONS MIN TYP MAX [UNITS
Output Offset Voltage Vos Ay spkpGA = -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 fMcoLK = mode dB
12.288MHz Slave mode 94
f=1kHz, PoyT = Ryp = 16Q -86 -7
Total Harmonic Distortion + Noise THD+N | 10mW Rup = 320 -88 dB
f=1kHz, VouT = 1TVRMS, RHp = 10kQ -88
f=1kHz, V|y = -1dBFS, Ryp = 10kQ -105 dB
Crosstalk HPL to HPR and HPR to HPL, 104 dB
PouTt = 5mW, f = 1kHz, Ryp = 32Q
VavbpDp = VHpvDD = 1.65V to 2.0V 70 80
Power-Supply Rejection Ratio f=217Hz 79
(Note 3) PSRR | VRippLE = 100mVp.p, [T 79 ®
Ay Hp = 0dB
- f=10kHz 74
MODE = 0 (voice) 29
8kHz ’
1kHz, 0dB input, '1\"6OKBE = 0 (voice) 1.1
. “ . z
DAC Path Phase Delay highpass filter dlgapled ms
measured from digital | popE = 1
input to analog output | (msic) 8kHz 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
Crosstalk HPL to HPR and HPR to HPL, 94 4B
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MAX98090 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX |UNITS
Vavpp = VupvpDp = 1.65V to 2.0V 40 60
Power-Supply Rejection Ratio f=217Hz 61
(Note 3) PSRR | VRippLE =100mVep, 2 61 ®
Av_TOTAL = 0dB
f=10kHz 60
HEADPHONE AMPLIFIER (Note 7)
Rpyp = 16Q 20 40
Output Power PouT |f=1kHz THD = 1% mwW
Ruyp = 32Q 30
Ryp = 169, Poyt = 10mW, f = 1kHz -88 77
Total Harmonic Distortion + Noise THD+N | Ryyp = 10kQ, Vourt = 1VRuMs. 88 dB
f= 1kHz
Full-Scale Output AyHp = 0dB (Note 8) 1 VRMS
Headoh Vol Control (PGA) | A HPVOL_ = 0x00 -69 -67 -65 dB
eadphone Volume Contro
P V_HPPGA HPVOL_ = Ox1F 25 3 3.5
+3dB to +1dB 0.5
+1dB to -5dB 1
Volume Control Step Size 5dB to -19dB 5 dB
(Note 9)
-19dB to -43dB 3
-43dB to -67dB 4
Mute Attenuation f=1kHz 110 dB
Ta = +25°C +0.5 +1
Output Offset Voltage Vos AV_HP =-67dB mV
Ta = TmiN to Tmax +3
i Rpyp = 320 500
Capacitive Drive Capability No ﬁlu‘:j.ta'”ed HP oF
oscillations Ryp = 100
Peak voltage,
A-weightedg Into shutdown -73
Click-and-Pop Level Kcp 32 samples dBV
per second, Out of shutdown -73
AV_HP =-67dB
JACK DETECTION
MICBIAS enabied Vuicans Vincains Vinceins
JACKSNS High Threshold VTH_HIGH Vv
MICBIAS disabled 0-80x  0.95x  0.98x
VsPKLVDD VSPKLVDD VSPKLVDD
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MAX98090

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX |UNITS
MIGEIAS anatied Vuicems Vincans Viiosias
JACKSNS Low Threshold VTH Low \Y
- . 0.06 x 0.10 x 0.17 x
MICBIAS disabled
VsPKLVDD VSPKLYDD VSPKLVDD
JACKSNS Sense Voltage Vsense | MICBIAS disabled VspKLVDD \%
JACKSNS Strong Pullup Rgpu | MICBIAS disabled, JDWK = 0 1.9 2.4 2.7 kQ
Resistance
JACKSNS Weak Pullup Current lWPU MICBIAS disabled, JDWK = 1 5 12 HA
JDEB = 00 25
JACKSNS Glitch Debounce Period |  tgLITCH ms
JDEB = 11 200
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Maxim Integrated | 19



MAX98090 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications

(Vavbb = VHpvDD = Vpvbpio = 1.8V, Vpypp= 1.2V, VspkLvpbd = VsPKRVDD = VspkvpD = 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 = =, Ryp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLve =
Av_DACGAIN = 0dB, Ay_mixcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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 Ay _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 0:}14
Passband Cutoff fPLP Hz
-3dB cutoff 0.449
x fg
Passband Ripple f<fpLp -0.1 0.1 dB
Stopband Cutoff fsLp ?(?37 Hz
Stopband Attenuation f>fg p 74 dB
RECORD PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 0, f rcLk < 50kHz)
Ripple limit cutoff ?(?;
Passband Cutoff fpLp -3dB cutoff ?(?: Hz
-6.02dB cutoff ffz
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp 2?88 Hz
Stopband Attenuation f<fgLp 60 dB
RECORD PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF =1, fi rcLk > 50kHz)
Ripple Limit cutoff O).(2f(;8
Passband Cutoff fpLp Hz
-3dB cutoff ?(?:
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp 3?85 Hz
Stopband Attenuation f<fgLp 60 dB
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MAX98090 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)

(Vavbb = VHpvDD = Vpvbpio = 1.8V, Vpypp= 1.2V, VspkLvpbd = VsPKRVDD = VspkvpD = 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 = =, Ryp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLve =
Av_DACGAIN = 0dB, Ay_mixcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER | symBoL | CONDITIONS | MIN  TYP  MAX | UNITS
RECORD PATH DC-BLOCKING HIGHPASS FILTER
DC Attenuation | Ay apcHprF | AHPF = 1 | 90 | B
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, | 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
;:‘:g:‘c" Path Gain Adjust Av_DACGAIN | DVG = 00 to 11 (Note 6) 0 18 dB
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MAX98090

Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)

(Vavbb = VHpvDD = Vpvbpio = 1.8V, Vpypp= 1.2V, VspkLvpbd = VsPKRVDD = VspkvpD = 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 = =, Ryp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLve =
Av_DACGAIN = 0dB, Ay_mixcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

Playback Path Gain Adjust Step
Size 6 dB
PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
PLAYBACK PATH VOICE MODE IIR LOWPASS FILTER (MODE = 0)
Ripple limit cutoff 0:}18
Passband Cutoff fpLp Hz
-3dB cutoff O:'ff:
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp 0>.(4f756 Hz
Stopband Attenuation (Note 11) f>fg p 75 dB
PLAYBACK PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 0, f_ rcLk < 50kHz)
Ripple limit cutoff 0.43
x fg
Passband Cutoff fpLp -3dB cutoff ?(?37 Hz
-6.02dB cutoff 0-5
x fg
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp ?(?: Hz
Stopband Attenuation (Note 11) f>fgLp 60 dB
PLAYBACK PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE1 = 1, DHF = 1 for f rcLk > 50kHz)
fpLp Ripple limit cutoff ?(?:
Passband Cutoff Hz
-3dB cutoff 0.31
x fg
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp 0>.<4f7s7 Hz
Stopband Attenuation (Note 11) f<fgLp 60 dB
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MAX98090 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)

(Vavbb = VHpvDD = Vpvbpio = 1.8V, Vpypp= 1.2V, VspkLvpbd = VsPKRVDD = VspkvpD = 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 = =, Ryp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLve =
Av_DACGAIN = 0dB, Ay_mixcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PLAYBACK PATH DC-BLOCKING HIGHPASS FILTER

DC Attenuation DHPF =1 89 dB
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
. ' 0.0008
Highpass filter X fs
High-frequency shelving filter 0.02
x fg
Cutoff Frequency Lowpass filter 0)'(01(22 Hz
Low-frequency shelving filter 0.0008
x fg
Peak filter 0.0008
x fg
Quality Factor Q Peak filter 10
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MAX98090 Ultra-Low Power Stereo Audio Codec

Digital Input/Output Characteristics

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VspkiLvbb = VsPKRVDD = VspkvpD = 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. Rrcy = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

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 Vi 0.7x \Y,
VbvDDIO
Input Low Voltage VL 0.3x \Y
VbvbpIo
Input Hysteresis 100 mV
Input Leakage Current liHs Vpvppio = 3.6V, Ta = +25°C -1 +1 MA
Input Capacitance 10 pF
BCLK, LRCLK, SDOUT (Output)
Output High Voltage Vou lon = 3mA VD_V(')DE'O %
Output Low Voltage VoL loL =3mA 0.4 \%
Vpvppio = 2.0V, Ta = +25°C, }
Input Leakage Current liHs high-impedance state 1 +1 MA
SDA, SCL (Input)
Input High Voltage ViH 0.7x \%
Vbvbpio
Input Low Voltage VL 0.3x \Y
VbvbDpIO
Input Hysteresis 100 mV
Input Leakage Current gy Vpvppio = 2.0V, Ta = +25°C -1 +1 MA
Input Capacitance 10 pF
SDA, IRQ (Output)
0.2 x
Output Low Voltage V V| =1.65V, lpy = 3mA \%
p 9 oL DVDDIO OH VDVDDIO
Output High Current loH Vpvppio = 1.65Y, IgL = 3mA 1 MA
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MAX98090 Ultra-Low Power Stereo Audio Codec

Digital Input/Output Characteristics (continued)

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VspkiLvbb = VsPKRVDD = VspkvpD = 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. Rrcy = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER | SYMBOL CONDITIONS | MIN TYP MAX | UNITS
DIGITAL MICROPHONE DATA (DMD) INPUT
Input High Voltage Vi 0.65x Vv
VbvDDIO
Input Low Voltage VL 0-35x \Y
VbvbpIo
Input Hysteresis 100 mV
Input Leakage Current liHs Vpvppio = 2.0V, Ta = +25°C -25 +25 MA
Input Capacitance 10 pF
DIGITAL MICROPHONE CLOCK (DMC) OUTPUT
Output High Voltage VOH loH = 3mA VAgaD i %
Output Low Voltage VoL loL =3mA 0.4 \%
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MAX98090 Ultra-Low Power Stereo Audio Codec

Input Clock Characteristics

(Vavbb = VHpvDD = Vpvbpio = 1.8V, Vpypp= 1.2V, VspkLvpD = VsPKRVDD = VspkvpD = 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 = *°, Ryp = =, Zgpk = «. Crgr = 2.2uF, Cgjas = CmicBias = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLvL =
Ay pDACGAIN = 0dB, Ay mixcGaIN = 0dB, AV_RCV = Ay LouT =Av Hp = Av spk = 0dB. fmcoLk = 12.288MHz, f  rcLk = 48kHz, MAS
= 0, 20-bit source data. Tp = TN to Tpmax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

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

fg = 8kHz, voice mode filters

(MODE = 0) 2.048 60
MCLK Input Frequency fMOLK ‘Ef/l;gsEkfﬁ’)m”S'c mode filters 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
LRCLK S le Rate (Note 12) f DHF =0 8 18 kH
ample Rate (Note z
P RELK TDHF = 1 48 96
DAI LRCLK Average Frequency FREQ = 0x8 to OxF 0 0 o
0
Error (Note 13) FREQ = 0x0 -0.025 +0.025
8kHz <fg< 4.8kHz, OSR = 128
voice mode filters or 64 256 x fg

(MODE = 0), DHF = 0

8kHz < fg < 48kHz, OSR=128 | 256 xfs
music mode filters froLk
(MODE =1),DHF =0 |OSR =64 208 x fg

Minimum PCLK to LRCLK
Frequency Ratio

48kHz < fg < 96kHz,

music mode filters OSR = 64 128 x fg

(MODE = 1), DHF =1
PLL Lock Time 2 7 ms
Maximum LRCLK Input Jitter
to Maintain PLL Lock +100 ns
Soft-Start/Stop Time 10 ms
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MAX98090 Ultra-Low Power Stereo Audio Codec

Digital Audio Interface Timing Characteristics

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VspkiLvbb = VsPKRVDD = VspkvpD = 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 = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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 tsyncHoLD | Slave mode 20 ns
TDM =1 20
Minimum Delay Time from LSB TDM = 1, FSW = 1 20
BCLK Falling Edge to High- t Master mode ns
Impedance gtateg ’ HizouT TDM=1,FSW=0 20
TDM =0, DLY =1 20
;E((;I[J}SFT/IlSSIggDEeCIjgj to tsyneTx | C = 30pF, TDM = 1, FSW = 1 40 ns
TDM =1, BCLK 50
BCLK to SDOUT Delay teLKTX C = 30pF rising edge ns
TDM =0 50
TDM =1 -15 +15
Delay Time from BCLK to LRCLK tCLKSYNC Master mode TDM = 0 to,g X ns
BCLK
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MAX98090 Ultra-Low Power Stereo Audio Codec
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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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MAX98090 Ultra-Low Power Stereo Audio Codec

I2C Timing Characteristics

(Vavbp = VHPvDD = Vpvbpio = 1.8V, Vpypp = 1.2V, Vspkivbb = VSPKRVDD = VspkvpD = 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. Rrcy = <, RLouT = =, RHp = =, Zgpk = . CReF = 2.24F, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvbb = Ccpvss = THF. Ay_MIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Av_apcLvL = Av_ADCGAIN = 0dB, Ay _pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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
S aa SV S
| | | I . [
‘»: ouowr | tsu’sm# §<—>~:1HD,STA > i*tsp , '
P e > -ty par 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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MAX98090 Ultra-Low Power Stereo Audio Codec

Digital Microphone Timing Characteristics

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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 = =, RLouT = =, RHp = o, Zgpk = . CReF = 2.2pF, Cpias = Cmicslas = 1HF, Ccin-c1p =
Ccpvpp = Ccpyss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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 fpcLk/3
MICCLK =010 f] 14
DMC Frequency fome PCLK MHz
MICCLK = 011 fpcLk/5
MICCLK =100 fpcLK/6
MICCLK =101 fpcLk/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

¢—— 1/fomc ——»

tHo,MIC tsumic!
< >
"tHp,miC | tsuMIC’

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

Figure 4. Digital Microphone Timing Diagram

Note 2: The MAX98090 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 = SPKLVDD + SPKRVDD, 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 Rk may be any rate in the indicated range. Asynchronous and non-integer fy 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: Cg is in pF.
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MAX98090 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption
(Vavbp = VHpvoD = Vpvopio = 1.8V, Vpypp = 1.2V, VspkLvpb = VspkRvDD = VspkvpD = 3.7V, slave mode operation.)

DYNAMIC
DEVICE MODE AND lavop | lupvop | Ibvop | lovopio |lspk_vbp | POWER | "o\~
CONFIGURATION (mA) | (mA) | (mA) (mA) (mA) (mW) (aB)

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 1.39 1.28 1.04 0.02 0.00 6.05 102
filters, R_oap = 32Q

Stereo DAC Playback to Headphone Output
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 0.94 0.51 1.02 0.02 0.00 3.84 99
filters, R_oap = 32Q, low power mode

Stereo DAC Playback to Headphone Output
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, music
filters, RLoaD = 32Q, dynamic range control
enabled

1.39 1.28 1.1 0.02 0.00 6.14 102

Stereo DAC Playback to Headphone Output
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, music 1.39 1.28 1.65 0.02 0.00 6.78 102
filters, RLoaD = 32Q, parametric equalizer enabled

Stereo DAC Playback to Headphone Output
fmcLk = 12.288MHz, fg = 96kHz, 20-bit, music 1.39 1.28 1.17 0.02 0.00 6.21 102
filters, RLoaD = 32Q

Stereo DAC Playback to Headphone Output
fmcLk = 13MHz, fg = 44.1kHz, 20-bit, music filters, 1.40 1.29 1.00 0.02 0.00 6.03 102
R oaDp = 32Q

Stereo DAC Playback to Headphone Output
fmcLk = 13MHz, fg = 44.1kHz, 20-bit, music filters, 0.96 0.51 1.00 0.02 0.00 3.85 99
RLoaD = 32Q, low power mode

www.maximintegrated.com Maxim Integrated | 31



MAX98090

Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(VAvDD = VHPVDD = VpVDDIO = 1.8V, VDVDD = 1.2V, VSPKLVYDD = VSPKRVDD = VsPKvDD = 3.7V, slave mode operation.)

DEVICE MODE AND
CONFIGURATION

lavbD
(mA)

lupvDD
(mA)

IbvbD
(mA)

Ibvbpio
(mA)

Ispk_vDD
(mA)

POWER
(mW)

DYNAMIC
RANGE
(dB)

DIGITAL AUDIO INPUT TO PLAYBACK PATH TO H

EADPHONE OUTPUT (VOICE FILTERS)

Stereo DAC Playback to Headphone Output
fmcoLk = 13MHz, fg = 8kHz, 16-bit, voice filters,
RLOAD =320

1.35

1.28

0.89

0.02

0.00

5.81

101

Stereo DAC Playback to Headphone Output
fmcoLk = 13MHz, fg = 8kHz, 16-bit, voice filters,
RLoaDp = 32Q, low power mode

0.91

0.51

0.89

0.02

0.00

3.62

98.5

Mono DAC Playback to Headphone Output
fmcoLk = 13MHz, fg = 8kHz, 16-bit, voice filters,
RLoap = 32Q

0.78

0.69

0.82

0.02

0.00

3.64

101

Mono DAC Playback to Headphone Output
fmcLk = 13MHz, fg = 8kHz, 16-bit, voice filters,
RLoaD = 32Q, low power mode

0.56

0.30

0.82

0.02

0.00

2.55

98.5

Stereo DAC Playback to Headphone Output
fmcLk = 13MHz, fg = 16kHz, 16-bit, voice filters,
RLoaD = 32Q

1.35

1.28

0.94

0.02

0.00

5.87

99

Stereo DAC Playback to Headphone Output
fmcLk = 13MHz, fg = 16kHz, 16-bit, voice filters,
RLoaD = 32Q, low power mode

0.91

0.50

0.94

0.02

0.00

3.68

97

DIGITAL AUDIO INPUT TO PLAYBACK PATH TO S

PEAKER OUTPUT

Stereo DAC Playback to Speaker Output
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music
filters, RLoaDp = 8Q, LLoaDp = 68uH

1.10

0.00

1.04

0.02

2.18

11.47

91

Stereo DAC Playback to Speaker Output
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music
filters, RLoaDp = 8Q, L_oaDp = 68uH, low power
mode

0.91

0.00

1.03

0.02

2.18

10.93

91

Mono DAC Playback to Speaker Output
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music
filters, R_oaDp = 8Q, LLoap = 68uH

0.65

0.00

0.90

0.02

6.36

91

Mono DAC Playback to Speaker Output
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music
filters, RLoaD = 8Q, LLoaDp = 68uH, low power
mode

0.51

0.00

0.90

0.02

6.09

91

Stereo DAC Playback to Speaker Output
fmcLk = 12.288MHz, fg = 96kHz, 20-bit, music
filters, RLoap = 8Q, L oaDp = 68uH

1.21

0.00

0.02

2.18

11.61

91

Stereo DAC Playback to Speaker Output

RLoaD =8Q, L oap = 68uH

fmcLk = 13MHz, fg = 44.1kHz, 20-bit, music filters,

1.21

0.00

1.06

0.02

2.18

11.50

91
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MAX98090 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(VAvDD = VHPVDD = VpVDDIO = 1.8V, VDVDD = 1.2V, VSPKLVYDD = VSPKRVDD = VsPKvDD = 3.7V, slave mode operation.)

DYNAMIC
DEVICE MODE AND lavop | lupvop | Ibvop | lovopio |lspk_vbp | POWER | "o\~
CONFIGURATION (mA) | (mA) | (mA) (mA) (mA) (mW) (aB)
ANALOG AUDIO LINE INPUT TO DIGITAL RECORD PATH OUTPUT
Stereo Differential Line Input to Record Path
fmcoLk = 12.288MHz, fg = 48kHz, 20-bit, music 3.09 0.00 1.38 0.02 0.00 7.19 98

filters

Stereo Differential Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 1.97 0.00 1.39 0.02 0.00 5.21 98
filters, low power mode

Stereo Differential Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 3.10 0.00 1.46 0.02 0.00 7.30 98
filters, Digital Biquad Filter Enabled

Mono Differential Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 1.86 0.00 1.10 0.02 0.00 4.65 98
filters

Stereo Single-Ended Line Input to Record Path
fvcLk = 12.288MHz, fg = 48kHz, 20-bit, music 3.19 0.00 1.35 0.02 0.00 7.33 97
filters

Stereo Single-Ended Line Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 2.02 0.00 1.35 0.02 0.00 5.24 97
filters, low power mode

Stereo Single-Ended Line Input to Record Path

fucLk = 13MHz, fs = 8kHz, 16-bit, voice filters 290 1 000 ) 0.9 002 0.00 628 %

Stereo Single-Ended Line Input to Record Path
fmcLk = 13MHz, fg = 8kHz, 16-bit, voice filters 1.73 0.00 0.90 0.02 0.00 4.20 97
low power mode
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MAX98090 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(VAvDD = VHPVDD = VpVDDIO = 1.8V, VDVDD = 1.2V, VSPKLVYDD = VSPKRVDD = VsPKvDD = 3.7V, slave mode operation.)

DYNAMIC
DEVICE MODE AND lavop | IHPvDD | IpvDD | Ipvopio |lspk_vbp | POWER | b\ -o
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
fuCLK = 12.288MHz, fg = 48kHz, 20-bit, music 350 | 000 | 136 0.02 0.00 7.88 97

filters

Stereo Analog Microphone Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 2.22 0.00 1.38 0.02 0.00 5.65 97
filters, low power mode

Mono Analog Microphone Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 2.02 0.00 1.05 0.02 0.00 4.90 97
filters

Mono Analog Microphone Input to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 1.35 0.00 1.08 0.02 0.00 3.74 97
filters, 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

3.20 0.00 0.91 0.02 0.00 6.81 99

Stereo Analog Microphone Input to Record Path
fmcLk = 13MHz, fg = 8kHz, 16-bit, voice filters 1.93 0.00 0.92 0.02 0.00 4.57 98
low power mode

Mono Analog Microphone Input to Record Path

fucLk = 13MHz, fs = 8kHz, 16-bit, voice filters 187 | 000 ) 082 002 0.00 495 %

Mono Analog Microphone Input to Record Path
fmcLk = 13MHz, fg = 8kHz, 16-bit, voice filters 1.20 0.00 0.83 0.02 0.00 3.18 98
low power mode

Stereo Analog Microphone Input to Record Path

fmcLk = 13MHz, fg = 16kHz, 16-bit, voice filters 3.26 | 000 11 0.02 0.00 7.16 %

Stereo Analog Microphone Input to Record Path
fmcLk = 13MHz, fg = 16kHz, 16-bit, voice filters 1.98 0.00 1.12 0.02 0.00 4.91 97
low power mode

Mono Analog Microphone Input to Record Path

fmcLk = 13MHz, fg = 16kHz, 16-bit, voice filters 190 1 000 ) 0.94 0.02 0.00 4.54 %

Mono Analog Microphone Input to Record Path
fmcLk = 13MHz, fg = 16kHz, 16-bit, voice filters 1.23 0.00 0.94 0.02 0.00 3.35 97
low power mode
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MAX98090

Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(VAvDD = VHPVDD = VpVDDIO = 1.8V, VDVDD = 1.2V, VSPKLVYDD = VSPKRVDD = VsPKvDD = 3.7V, slave mode operation.)

DYNAMIC
DEVICE MODE AND lavop | lupvop | Ibvop | lovopio |lspk_vbp | POWER | "o\~
CONFIGURATION (mA) (mA) (mA) (mA) (mA) (mW) (dB)

ANALOG AUDIO INPUT DIRECT TO DIGITAL RECORD PATH OUTPUT
Stereo Differential Input Direct to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 2.85 0.00 1.39 0.02 0.00 6.76 99
filters
Stereo Differential Input Direct to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 1.84 0.00 1.39 0.02 0.00 4.98 98
filters, low power mode
Mono Differential Input Direct to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 1.61 0.00 1.08 0.02 0.00 4.20 99
filters
Mono Differential Input Direct to Record Path
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music 1.09 0.00 1.09 0.02 0.00 3.29 98
filters, low power mode
ANALOG AUDIO INPUT TO ANALOG AUDIO OUTPUT
Stereo Single-Ended Line Input to Headphones 112 242 0.00 0.00 0.00 6.34 99
(RLoap =32Q)
Mono Single-Ended Line Input to Headphones 072 157 0.00 0.00 0.00 341 99
(RLoaD =32Q)
Stereo Differential Line Input to Headphones 107 126 0.00 0.00 0.00 419 100
(RLoap =320Q)
Stereo Differential Line Input to Speaker Output

0.36 0.00 0.00 0.00 2.08 8.34 91
(RLoAD = 8Q, L oap = 68uH)
Mono Differential Line Input to Speaker Output

0.31 0.00 0.00 0.00 1.04 4.42 91
(RLoaD = 8Q, L oaD = 68uH)
Stereo S_lngle-Ended Line Input to Line Output 076 0.00 0.00 0.00 074 412 99
(RLoaD = 10kQ)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Quiescent Power Consumption (continued)
(VAvDD = VHPVDD = VpVDDIO = 1.8V, VDVDD = 1.2V, VSPKLVYDD = VSPKRVDD = VsPKvDD = 3.7V, slave mode operation.)

DYNAMIC
DEVICE MODE AND lavop | lupvop | Ibvop | lovopio |lspk_vbp | POWER | "o\~
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 2.67 0.00 0.95 0.02 0.73 8.61 PB: iOO
fmcLk = 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 1.94 0.00 0.95 0.02 0.73 7.31 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 2.69 0.69 1.22 0.02 0.00 7.51 PB: 502
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music '
filters, R_oap = 32Q
Mono Full Duplex: Analog Microphone Input to
Record Path and DAC Playback to Headphone REC: 97
Output 1.80 0.30 1.24 0.02 0.00 5.26 PB: '99
fmcLk = 12.288MHz, fg = 48kHz, 20-bit, music '
filters, R_oap = 32Q, low power mode
Mono Full Duplex: Analog Microphone Input to
Record Path and DAC Playback to Headphone REC: 99
Output 2.54 0.69 0.95 0.02 0.00 6.93 PB: 502
fmcLk = 13MHz, fg = 8kHz, 16-bit, voice filters, '
RLoap = 32Q
Mono Full Duplex: Analog Microphone Input to
Record Path and DAC Playback to Headphone REC: 99
Output 1.66 0.30 0.96 0.02 0.00 4.67 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
fmcLk = 13MHz, fg = 8kHz, 16-bit, voice filters, 4.44 1.28 1.14 0.02 0.00 11.54 PB: 102
RLoaD = 32Q
Stereo Full Duplex: Analog Microphone Input to
Record Path and DAC Playback to Headphones REC: 99
fmcLk = 13MHz, fg = 8kHz, 16-bit, voice filters, 273 0.51 1.15 0.02 0.00 7.18 PB: 99
RLoaD = 32Q, low power mode
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MAX98090

Typical Operating Characteristics

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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)

| fMcLk = 13MHz

fLROLK = 8kHz

IAX98090 toc01

- ViN = 707mVRmS
| Av_wmic = 0dB

CiN =10uF

10 100

1k

FREQUENCY (Hz)

10k

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

MLk = 12.288MHz
| fLROLK = 96kHz
- Vin = 707mVRMS
| Av_mic =0dB
Cin=10pF

MAX98090 toc04

10 100

1k

10k

FREQUENCY (Hz)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHPvDD = Vpvbpio = 1.8V, Vpypp = 1.2V, VspkiLvbb = VsPKRVDD = VspkvpD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLouT = e, RHp = =, Zgpk = . CRefF = 2.24F, Cgias = Cmiceias = 1UF, Ccin-c1P
= CcpvpD = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_HpP =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Ta = TN to Tiyax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

ANALOG MICROPHONE INPUT TO ADC RECORD PATH OUTPUT (CONTINUED)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

ANALOG MICROPHONE INPUT TO ADC RECORD PATH OUTPUT (CONTINUED)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DIGITAL MICROPHONE INPUT TO RECORD PATH OUTPUT
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DIGITAL MICROPHONE INPUT TO RECORD PATH OUTPUT (CONTINUED)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

LINE INPUT TO ADC RECORD PATH OUTPUT

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

TOTAL HARMONIC DISTORTION PLUS
NOISE vs. FREQUENCY (LINE TO ADC)
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NOISE vs. FREQUENCY (LINE TO ADC)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

LINE INPUT TO ADC RECORD PATH OUTPUT (CONTINUED)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbb = VHPvDD = Vpvbpio = 1.8V, Vpypp = 1.2V, VspkLvbb = VsPKRVDD = VspkvpD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLoyT =, RHp = =, ZgpKk = . CreF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = 1HF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Ta = TN to Tiyax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DIRECT ANALOG INPUT TO ADC RECORD PATH OUTPUT (CONTINUED)

INBAND OUTPUT SPECTRUM,
-60dBFS (INPUT DIRECT TO ADC MIXER)

INBAND OUTPUT SPECTRUM,
-3dBFS (INPUT DIRECT TO ADC MIXER)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLoyT = *°, RHp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= Ccpvpp = Ccpyss = THF. Ay_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 rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Typical Operating Characteristics (continued)

Ultra-Low Power Stereo Audio Codec

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHPvDD = Vpvbpio = 1.8V, Vpypp = 1.2V, VspkiLvbb = VsPKRVDD = VspkvpD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLouT = e, RHp = =, Zgpk = . CRefF = 2.24F, Cgias = Cmiceias = 1UF, Ccin-c1P
= CcpvpD = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_HpP =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Ta = TN to Tiyax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLoyT = *°, RHp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_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. fiyycLk = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Ty = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VspkLvpb = VsPKRVDD = VspkvpD = 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) con-
nected between SPK_P and SPK_N. RRcy = e, RLoyT = °°, RHp = =, Zgpk = «. CRefF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= Ccpvpp = Ccpyss = THF. Ay_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 rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tmax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Typical Operating Characteristics (continued)

Ultra-Low Power Stereo Audio Codec

(Vavbp = VHPvDD = Vpvbpio = 1.8V, Vpypp = 1.2V, VspkiLvbb = VsPKRVDD = VspkvpD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLouT = o0, RHp = =, Zgpk = . CReF = 2.24F, Cgias = Cmiceias = 1UF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_HpP =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Ta = TN to Timax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLoyT = °°, RHp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= Ccpvbp = Ccpvss = THF. Ay_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. fiycik = 12.288MHz, fi rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tiax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_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 oLk = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VspkLvpb = VsPKRVDD = VspkvpD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLoyT = °°, RHp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmiceias = 1MF, Ccin-c1P
= CcpvbD = Ccpvss = 1HF. Ay_MmIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay _apcLvL = Av_ADcGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay mixcaIN = 0dB, Ay rev =Av_LouT =Av_Hp =Av_spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS =

0, 20-bit source data. Tp = TN to Tpmax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Typical Operating Characteristics (continued)

Ultra-Low Power Stereo Audio Codec

(Vavbp = VHPvDD = Vpvbpio = 1.8V, Vpypp = 1.2V, VspkiLvbb = VsPKRVDD = VspkvpD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLouT = e, RHp = =, Zgpk = . CRefF = 2.24F, Cgias = Cmiceias = 1UF, Ccin-c1P
= CcpvpD = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGAIN = 0dB, Ay_rcv =Av_LouT =Av_HpP =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Ta = TN to Tiyax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLoyT = *°, RHp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= Ccpvpp = Ccpyss = THF. Ay_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 rc k = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT (CONTINUED)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

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

THD+N RATIO (dB)

www.maximintegrated.com

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT (CONTINUED)

TOTAL HARMONIC DISTORTION PLUS NOISE

vs. FREQUENCY (DAC TO HEADPHONE)

| fmoLk = 12.288MHz

fLRoLK = 48kHz

- LOW POWER MODE
| Av_Hp =+3dB

MAX98090 toc141
LN
o

Rup = 16Q

Pou

THD+N RATIO (dB)

rd

Pout=0.01W

10 100

1k

FREQUENCY (Hz)

10k

100k

GAIN vs. FREQUENCY
(DAC TO HEADPHONE)

TOTAL HARMONIC DISTORTION PLUS NOISE

fmcLk = 12.288MHz
fLRoLK = 48kHz
Av_Hp =0dB
RHp = 32Q

NORMALIZED GAIN (dB)
[$] ~ w N —_ o —_ N w -~ o

—
o

100

1k
FREQUENCY (Hz)

10k

GAIN vs. FREQUENCY

vs. FREQUENCY (DAC TO HEADPHONE) (DAC TO HEADPHONE)
| fMoLk = 12.288MHz E 4 | fmcLK = 13MHz E
fLROLK = 48KHz g fLRCLK = 8kHz g
- LOW POWER MODE H 3 FAv_Hp=0dB E:
| Av_Hp = +3dB ) ) | RHp = 32Q
Rup = 32Q =
Iz 1
Pour = 0.02W =2
2 o
<C
A
’ =
2 2
Pd 3
Pour=0.01W -4
i 1l .
10 100 1k 10k 100k 10 100 1k 10k
FREQUENCY (Hz) FREQUENCY (Hz)
POWER CONSUMPTION vs. OUTPUT
POWER (DAC TO HEADPHONE)
3 120 S .
3 fMoLK = 12.288MHz g
g fLRCLK = 48kHz g
Z = 100 Ay yp = +3dB z
z
e 80 Rup = 16Q
- y
2 6 /
3 /
(]
= /
= 40 A ¢
oc i '/
D:: q LA T
o J,’
20 Rup = 32Q
mait| [/
0
100k 0.1 1 10 100

OUTPUT POWER PER CHANNEL (mW)

Maxim Integrated | 62



MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy =, RLouT = *°, RHp = =, ZgpK = «. CreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax 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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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvDD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLouT = *, RHp = =, ZgpK = . CRreF = 2.2uF, Cgjas = Cmicsias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_micPRE_ = Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay_mixGcAIN = 0dB, Ay_rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fiycik = 12.288MHz, fi rcLk = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

DAC PLAYBACK PATH INPUT TO HEADPHONE OUTPUT (CONTINUED)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLoyT = *, RHp = =, ZgpK = . CRreF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= Ccpvpp = Ccpvss = THF. Ay_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. fiycik = 12.288MHz, fi rck = 48kHz, MAS =
0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)
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MAX98090

Ultra-Low Power Stereo Audio Codec

Typical Operating Characteristics (continued)

(Vavbp = VHpvpD = Vpvppio = 1.8V, Vpypp = 1.2V, VgpkLvpb = VsPKRVDD = 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) con-
nected between SPK_P and SPK_N. Rrcy = e, RLouT = *, RHp = =, ZgpKk = «~. CreF = 2.2uF, Cgjas = Cmiceias = 1HF, Ccin-c1P
= CcpvpD = Ccpvss = 1HF. Ay_mIcPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =
Av_DACGAIN = 0dB, Ay mixcaiN = 0dB, Ay rcv =Av_LouT =Av_Hp =Av_spk = 0dB. fycLk = 12.288MHz, fi rgLk = 48kHz, MAS =

0, 20-bit source data. Tp = TN to Tax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

OUTPUT AMPLITUDE (dBV)

www.maximintegrated.com

LINE INPUT TO HEADPHONE OUTPUT (CONTINUED)
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MAX98090

Bump/Pin Configurations

Ultra-Low Power Stereo Audio Codec

TOP VIEW
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MAX98090

Ultra-Low Power Stereo Audio Codec

Bump/Pin Configurations (continued)

TOP VIEW
(BUMP SIDE DOWN)

MAX98090
2 3 4 5 6 7

+

, N
C 7 ;
\\ ,/I

HPR

770N
/ N
D , !
\ ,

CPVDD

HPGND
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A S R S I S N (S T S R G A G
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CIN CtP IRQB  LRCLK DVDDIO  DVDD
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WLP
(3.15mm x 3.15mm, 0.4 pitch)
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MAX98090 Ultra-Low Power Stereo Audio Codec

Bump/Pin Descriptions

PIN BUMP
MAX98090 FUNCTION
TQFN WLP
1 G1 HPGND Headphone Ground
2 G2 CPVSS Inverting Charge-Pump Output. Bypass to HPGND with a 1uF ceramic capacitor.
3 F1 CPVDD Noninverting Charge-Pump Output. Bypass to HPGND with a 1uF ceramic capacitor.
4 E1 HPL Left-Channel Headphone Output
5 D2 HPSNS Headphone Amplifier Ground Sense. Connect to the headphone jack ground terminal or
connect to ground.
6 D1 HPR Right-Channel Headphone Output
7 B5 JACKSNS .Jack de.te_ct|on Input. Connect to the microphone terminal of the headset jack to detect
jack activity.
8 C1 RCVP/LOUTL | Positive Earpiece Amplifier Output/Left Line Output
9 B1 RCVN/LOUTR | Negative Earpiece Amplifier Output/Right Line Output
10 A1 SPKRGND Right Speaker Amplifier Ground
1 A2 SPKRN Negative Right-Channel Class D Speaker Output
12 A3 SPKRP Positive Right-Channel Class D Speaker Output
13 . SPKRVDD Right Speaker Power Supply. Bypass to SPKRGND with a 1uF capacitor and a single
10uF bulk capacitor shared with SPKLVDD.
14 . SPKLVDD Left Speaker and Microphone Bias Power Supply. Bypass to SPKLGND with a 1uF
capacitor and a single 10uF bulk capacitor shared with SPKRVDD.
15 A5 SPKLN Negative Left-Channel Class D Speaker Output
16 A4 SPKLP Positive Left-Channel Class D Speaker Output
17 A6 SPKLGND Left Speaker Amplifier Ground.
Negative Differential Microphone 1 Input or single-ended Line Input 2. AC-couple with a
18 B7 IN2/DMC ; . L .
series 1uF capacitor. Can be retasked as a digital microphone clock output.
Positive Differential Microphone 1 Input or single-ended Line Input 1. AC-couple with a
19 A7 IN1/DMD . . e . .
series 1uF capacitor. Can be retasked as a digital microphone data input.
Positive Differential Microphone 2 Input or single-ended Line Input 3. AC-couple with a
20 B6 IN3 . )
series 1uF capacitor.
Negative Differential Microphone 2 Input or single-ended Line input 4. AC-couple with a
21 C6 IN4 ; .
series 1uF capacitor.
Low-Noise Microphone Bias Voltage Output. Bypass to SPKLGND with a 1pF capacitor.
22 c7 MICBIAS The bias voltage is programmable. An external resistor in the 2.2kQ to 1kQ range should
be used to set the microphone current.
23 D6 REF Converter Reference. Bypass to AGND with a 2.2uF capacitor.
24 E6 BIAS Common-Mode Reference Voltage. Bypass to AGND with a 1uF capacitor.
25 D7 AGND Analog Ground.
26 E7 AVDD Analog Power Supply. Bypass to AGND with a 1uF capacitor.
27 F7 DvDD Digital Power Supply. Bypass to DGND with a 1uF capacitor.
28 F6 DVDDIO Digital Audio Interface Power-Supply Input. Bypass to DGND with a 1uF capacitor.
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MAX98090

Ultra-Low Power Stereo Audio Codec

Bump/Pin Descriptions (continued)

PIN

BUMP

MAX98090 FUNCTION
TQFN WLP

29 G7 DGND Digital Ground

30 ES SDIN Digital Audio Serial Data Playback Input. The input voltage is referenced to DVDDIO.

31 G6 SDOUT Digital Audio Serial Data Record Output. The output voltage is referenced to DVDDIO.
Digital Audio Left-Right Clock Input/Output. LRCLK is the audio sample rate clock and
determines whether audio data is routed to the left or right channel. In TDM mode, LRCLK

32 F5 LRCLK . : . U
is a frame sync pulse. LRCLK is an input when the device is in slave mode and an output
when in master mode. The input voltage is referenced to DVDDIO.

33 G5 BCLK Digital Audio Bit Clock Input/Output. BCLK is an input when the device is in slave mode
and an output when in master mode. The input/output voltage is referenced to DVDDIO.

34 F4 IRQ Active-Low Hardware Interrupt Output. Connect a 10kQ pullup resistor to Vpp.

35 G4 MCLK Master Clock Input. Acceptable input frequency range is either 256 x fg or from 10MHz to
60MHz.

36 D3 SCL I2C Serial Clock Input. Connect a pullup resistor to DVDD for full output swing.

37 E2 SDA I2C Serial Data Input/Output. Connect a pullup resistor to DVDD for full output swing.
Headphone Power Supply. Bypass to HPGND with a 10uF bulk capacitor with a parallel

38 G3 HPVDD . . )
0.1uF capacitor as close as possible to the device.

Charge-Pump Flying Capacitor Positive Terminal. Connect a 1uF ceramic capacitor

39 F3 C1P
between C1N and C1P.

Charge-Pump Flying Capacitor Negative Terminal. Connect a 1uF ceramic capacitor

40 F2 C1N
between C1N and C1P.

. B3, B4 SPKVDD Speaker ar.1d le;rophc.me Bias Power Supply. Bypas.s each bump to SPK_GND with a
1uF capacitor with a single shared 10uF bulk capacitor.

. ca IN5 Auxiliary Positive Differential Microphone Input or Single-Ended Line Input. AC-couple
with a series 1uF capacitor.

. D4 ING Auxiliary Negative Differential Microphone Input or Single-Ended Line Input. AC-couple
with a series 1uF capacitor.

B2, C2,
C3, C5,
— D5, E3, N.C. Not Connected Internally
E4
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MAX98090

Detailed Description

The MAX98090 is a fully integrated stereo audio codec
with FlexSound audio processing and integrated input
and output audio amplifiers.

The device features either six (WLP package) or four
(TQFN package) 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. One input pair, IN1/IN2, can also be retasked to
support two digital microphones. As a result, two micro-
phones (either analog or digital) can be recorded from
simultaneously. The input analog signals can be amplified
by up to 50dB, and then are either recorded by the stereo
ADC or routed directly to the analog output mixers for
playback.

The ADC supports sample rates between 8kHz and
96kHz, features two performance modes, and provides
two oversampling rate options. The ADC to DAI digital
record path features both voice (IIR) and Music (FIR)
filtering, 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 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 12S, 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 stop band 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 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, in which 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 amplifier
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
switching frequency and supply voltage level. For low
signal levels, the charge pump switches at a reduced fre-
quency and outputs +Vypypp/2 for improved efficiency.
When the signal amplitude increases, the charge-pump
switching frequency also increases, and continues to out-
put Vypypp/2. For high signal levels, the charge pump
outputs full-scale rails at +VHypypp 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 configuration options.

Device I2C Register Map

Table 1 lists all of the registers, their addresses, and
power-on-reset (PoR) states. Registers 0x01, 0x02, and
OxFF are read only. Registers 0x01, 0x02, and OxFF are
read only. Registers 0x06 to 0xOB (quick setup) are write
only (push button). All of the remaining registers are read/
write. Write zeros to all unused bits in the register table
when updating the register, unless otherwise noted.
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Table 1. MAX98090 Control Register Map

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR| NAME IRw| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 BIT 2 BIT 1 BITO STATE
RESET/STATUS/INTERRUPT REGISTERS
0x00 |[SOFTWARE RESET| W |SWRESET| — — — — — — — 0x00
0x01 | DEVICE STATUS |coR| CLD SLD ULK — — JDET | DRCACT |DRCCLP|  0x00
0x02| JACKSTATUS | R — — — — — LSNS | JKSNS — 0x00
0x03 | INTERUPT MASKS [RW/|  ICLD ISLD IULK — — IDET | IDRCACT |IDRCCLP|  0x04
QUICK SETUP REGISTERS
0x04 | SYSTEMCLOCK | w | 26M 19P2M 13M |12P288M| 12m  [11P2goem| — 256Fg 0x00
0x05| SAMPLERATE |w | — — SR 96K | SR 32K | SR 48K | SR 44K1 | SR 16K | SR 8K 0x00
0x06 | DAIINTERFACE |W | — — RIM | RJS LI M LS 2S M | 1258 0x00
DIG2. | pDiG2. | DIG2_
0x07|  DAC PATH W | DIG2 HP | io S oot — — — — 0x00
MIC/DIRECT TO IN34_ IN12_ IN34_ | IN56_
0x08 ADC WHINTZMICT) 16 - - DADC | DADC | DADC - 0x00
0x09| LINETOADC | w |IN12s_AB|IN34s_AB|IN56s_AB|IN34D A | IN65D_B — — — 0x00
IN12_ | IN12. | N12. | IN12. | N34 IN34_ | IN34_ | IN34_
Ox0A ANALOG MICLOOPI W1 \1aviel | M1SPKL | MIEAR |MALOUTL| M2HPR | M2sPKR | M2EAR |m2LouTr| %90
0x0p| ANALOGLINE | | INT2S_ | IN34D_ | IN34D_ | IN12S_ | IN34S_ | INGSD | IN65D_ | IN34S_ 000
LOOP ABHP | ASPKL | AEAR |ABLOUT| ABHP | BSPKR | BEAR |ABLOUT
RESERVED REGISTER
0x0C| RESERVED |[—| — — - | - ] - — — | — | ox0
ANALOG INPUT CONFIGURATION REGISTERS
LINE INPUT
0x0D CONFIG R/W| IN34DIFF | IN65DIFF | INTSEEN |IN2SEEN | IN3SEEN | INASEEN | INSSEEN | INGSEEN|  0x00
0XOE |LINE INPUT LEVEL [R/W| MIXG135 | MIXG246 LINAPGA[2:0] LINBPGA[2:0] 0x1B
0xOF | INPUTMODE |RMW|EXTBUFA|EXTBUFB| — — — — EXT_MIC[1:0] 0x00
0x10 [MIC1 INPUT LEVEL[RW| — PA1EN[1:0] PGAM1[4:0] 0x14
0x11 [MIC2 INPUT LEVEL[RW| — PA2EN[1:0] PGAM2[4:0] 0x14
MICROPHONE CONFIGURATION REGISTERS
0x12 [MIC BIAS VOLTAGE[RW| — — — — — — — MBVSEL[1:0] 0x00
DIGITAL MIC _
0x13 ENABLE RW| —— MICCLK[2:0] — — | DIGMICR | DIGMICL | 0x00
DIGITAL MIC _ _
0x14 CONFIG. RIW DMIC_COMP[3:0] — — DMIC_FREQ[1:0] | 0x00

Note: Register bits in bold italics are for the WLP package only.
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Table 1. MAX98090 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR

ADDR| NAME lRw| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 BIT 1 BIT 0 STATE

ADC PATH AND CONFIGURATION REGISTERS

0x15 | LEFTADC MIXER [RW|[ — MIXADLI[6:0] 0x00

0x16 |RIGHT ADC MIXER|[RW|  — MIXADR[6:0] 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 LEVEL RW| —— — — — AVBQ[3:0] 0x00

0x1A | RECORD SIDETONE [R/W DSTS[1:0] — DVST[4:0] 0x00

CLOCK CONFIGURATION REGISTERS

0x1B| SYSTEMCLOCK RW| — | — |  PSCLK[1(] — — — — 0x00

0x1C| CLOCKMODE [R/W FREQ[3:0] — —_ —_ USE_MI 0x00
CLOCK RATIO ,

0x1D N SB RW| —— NI[14:8] 0x00
CLOCK RATIO .

0x1E NI LSB RIW NI[7:0] 0x00
CLOCK RATIO _

0x1F T ISB RIW MI[15:8] 0x00
CLOCK RATIO _

0x20 \LSE RIW MI[7:0] 0x00

0x21 | MASTER MODE [R/W| MAS — - | - | = ] BSEL[2:0] 0x00

INTERFACE CONTROL REGISTERS

INTERFACE _

0x22 rorvar RWL — — RJ WCl BCI DLY WS[1:0] 0x00

0x23 | TDMCONTROL |RW| — — — — — — FSw | TDMm 0x00

0x24 | TDMFORMAT |RW SLOTL[1:0] SLOTR[1:0] SLOTDLY[3:0] 0x00

II0
0x25 | conercuration RV — — LTEN | LBEN | DMONO | HIZOFF | SDOEN | SDIEN 0x00
FILTER

0x26 | ~oneicuraion [RVW| MODE | AHPF | DHPF DHF — — — — 0x80
DAI PLAYBACK , ,

0x27 EVEL RW| DVM — DVG[1:0] DV[3:0] 0x00
EQ PLAYBACK __ _

0x28 LEVEL RW| —— — — EQCLP DVEQ[3:0] 0x00
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Ultra-Low Power Stereo Audio Codec

Table 1. MAX98090 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR

ADDR| NAME lRw| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 | BITY BITO STATE

HEADPHONE (HP) CONTROL REGISTERS

0x29 | LEFTHPMIXER |[RW|[ — — MIXHPL[5:0] 0x00

0x2A | RIGHT HP MIXER [RW| — — MIXHPRI5:0] 0x00

MIXHP | MIXHP , ,

0x2B| HPCONTROL [RW| — — RstL | LSEL MIXHPRG[1:0] MIXHPLG[1:0] 0x00

0x2C | LEFT HP VOLUME [RW| HPLM — — HPVOLL[4:0] Ox1A

0x2D |RIGHT HP VOLUME|R/W| HPRM — — HPVOLR[4:0] Ox1A

SPEAKER (SPK) CONFIGURATION REGISTERS

O0x2E | LEFT SPK MIXER [RW] — — MIXSPL[5:0] 0x00

SPK_ ,

Ox2F |RIGHT SPK MIXER [RW| — — SLAVE MIXSPR[5:0] 0x00

0x30 | SPKCONTROL [RW| — — — — MIXSPRG[1:0] |  MIXSPLG[1:0] 0x00

0x31 |LEFT SPK 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 [RMW| DRCEN | DRCRLS[2:0] — ] DRCATK[2:0] 0x00

DRC . :

034 | ovpressor RV DRCCMP[2:0] DRCTHC[4:0] 0x00

0x35 | DRC EXPANDER |R/W DRCEXP[2:0] DRCTHE[4:0] 0x00

0x36 DRCGAN [rRW — [ — | — DRCG[4:0] 0x00

RECEIVER (RCV OR EARPIECE) AND LINE OUTPUT (LOUT) REGISTERS

0x37 |RCVILOUTL MIXER|RW| — — — MIXRCVL[5:0] 0x00
RCV/LOUTL .

38| eontroL RW  — — — — — — MIXRCVLG[1:0] 0x00
RCV/LOUTL .

0x39 VoLUME | |RW| Revim — — RCVLVOL[4:0] 0x15

0x3A| LOUTRMIXER |RW/| LINMOD — MIXRCVR(5:0] 0x00

0x3B | LOUTR CONTROL [RW| — — — — — | — [ MIXRcvRG[10] 0x00

0x3C | LOUTR VOLUME |RW| RCVRM — — RCVRVOL[4:0] 0x15

JACK DETECT AND ENABLE REGISTERS

0x3D| JACKDETECT |RW| JDETEN | JDWK — — — — JDEB[1:0] 0x00

0x3E| INPUTENABLE [RW| — — — MBEN | LINEAEN | LINEBEN | ADREN | ADLEN 0x00

0x3F | OUTPUT ENABLE |RW| HPREN | HPLEN | SPREN | SPLEN | RCVLEN | RCVREN | DAREN | DALEN 0x00

0x40 | LEVEL CONTROL [RW| — — — — — ZDEN | VS2EN | VSEN 0x00
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Table 1. MAX98090 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR NAME RW| BIT7 BIT 6 BIT5 BIT 4 BIT3 BIT 2 BIT 1 BITO STATE
DSP FILTER EQ3BAND | EQ5BAND |[EQ7BAND
0x41 ENABLE R/W — — — — RECBQEN EN EN EN 0x00

BIAS AND POWER MODE CONFIGURATION REGISTERS
BIAS_
0x42 | BIAS CONTROL |R/W — — — — — — — MODE 0x00
PERF
0x43 | DAC CONTROL [R/W — — — — — — MODE DACHP 0x00
0x44 | ADC CONTROL [R/W — — — — — OSR128 ADC ADCHP 0x06
DITHER
DEVICE _
0x45 SHUTDOWN R/W| SHDN — — — — — — — 0x00
PLAYBACK PARAMETRIC EQUALIZER BAND 1: BIQUAD FILTER COEFFICIENT REGISTERS
0x47 BAND 1 RIW BO_1[15:8] —
oxd8 | COEFFICIENT BO [gryy BO_1[70] —
0x4A BAND 1 RIW B1_1[15:8] —
oxaB | COEFFICIENT B1 [gy B1A[70] —
0x4D BAND 1 RIW B2_1[15:8] —
oxdE | COEFFICIENT B2 [gy B2 1[70] —
0x50 1 RIW A1_1[15:8] —
ox51 | COEFFICIENTA1 [goy A AT0] —
0x53 BAND 1 RIW A2_1[15:8] —
x5 | COEFFICIENT A2 [goy A2 A70] —
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Table 1. MAX98090 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR| NAME lRw| BIT7 | BITe | BIT5 | BIT4 | BIT3 | BIT2 BIT 1 BIT 0 STATE
PLAYBACK PARAMETRIC EQUALIZER BAND 2: BIQUAD FILTER COEFFICIENT REGISTERS

055 |  £quaLizER |RW B0_2[23:16] —
0x56 BAND 2 RIW B0_2[15:8] —
ox57 | COEFFICIENT BO [Rryy BO_2[70] —
0658 | £quaLizER |RW B1_2[23:16] —
0x59 BAND 2 RIW B1_2[15:8] —
o0x5A | COEFFICIENT BT [Roy B1_2[70] —
05B| EquaLizer  |RW B2_2[23:16] —
0X5C BAND 2 RIW B2 2[15:8] —
0x5D | COEFFICIENT B2 [my B2 2[70] —
OGE|  EquaLizer  |RW A1_2[23:16] —
OX5F BAND 2 RIW A1_2[15:8] —
0x60 | COEFFICIENTA1 [goy A_2[70] —
61| EquaLizER |RW A2_2[23:16] —
0x62 BAND 2 RIW A2_2[15:8] —
o0x63 | COEFFICIENTA2 [Roy A2 2[70) —
PLAYBACK PARAMETRIC EQUALIZER BAND 3: BIQUAD FILTER COEFFICIENT REGISTERS

064 | £quaLIZER |RW B0_3[23:16] —
0x65 BAND 3 RIW B0_3[15:8] —
0x66 | COEFFICIENT BO [Rryy B0 3[7.0] —
067 | EquaLIZER |RW B1_3[23:16] —
0x68 BAND 3 RIW B1_3[15:8] —
0x69 | COEFFICIENT BT [gry B1_307.0] —
06A| EquaLiZER |RW B2_3[23:16] —
0x6B BAND 3 RIW B2_3[15:8] —
0x6C | COEFFICIENT B2 [my B2 3[70] —
06D| EquALiZER |RW A1_3[23:16] —
OX6E BAND 3 RIW A1_3[15:8] —
oxGF | COEFFICIENT A1 [Roy A3[70] —
0«70 |  gquaLIZER |RW A2_3[23:16] —
0x71 BAND 3 RIW A2_3[15:8] —
ox72 | COEFFICIENTA2 [goy A2 3[70) —
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Table 1. MAX98090 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR| NAME lRw| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 BIT 1 BIT 0 STATE
PLAYBACK PARAMETRIC EQUALIZER BAND 4: BIQUAD FILTER COEFFICIENT REGISTERS

73|  pquaLizer |RW BO_4[23:16] —
0x74 BAND 4 RIW BO_4[15:8] —
0x75 | COEFFICIENT BO [Rryy BO_4[7:0] —
076 | pquaLizEr |RW B1_4[23:16] —
0X77 BAND 4 RIW B1_4[15:8] —
078 | COEFFICIENT BT [gryy B1_4[70] —
79|  pquaLizEr |RW B2_4[23:16] —
OX7A BAND 4 RIW B2_4[15:8] —
o0x7B | COEFFICIENT B2 [R/y B2 4[70] —
O7C| equaLizER |RW A1_4[23:16] —
0X7D BAND 4 RIW A1_4[15:8] —
Ox7E | COEFFICIENTAT [gy A_470] —
OX7F|  pquaLizer |RW A2_4[23:16] —
080 BAND 4 RIW A2_4[15:8] —
ox1| COEFFICIENTA2 [goy A2_470] —
PLAYBACK PARAMETRIC EQUALIZER BAND 5: BIQUAD FILTER COEFFICIENT REGISTERS

082| pquaLizer |RW BO_5(23:16] —
0x83 BAND 5 RIW B0_5[15:8] —
oxB4 | COEFFICIENT BO [gryy BO_5[7:0] —
0685| pquaLizER |RW B1_5[23:16] —
0x86 BAND 5 RIW B1_5[15:8] —
oxg7 | COEFFICIENT BT [gryy B1_5[7:0] —
088| pquaLizEr |RW B2_5[23:16] —
0x89 BAND 5 RIW B2_5[15:8] —
oxBA | COEFFICIENT B2 [Royy B2 5[7:0] —
08B| quaLizER |RW A1_5[23:16] —
0x8C BAND 5 RIW A1_5[15:8] —
0x@D | COEFFICIENT AT [my A_5[70] —
0GE| quaLzER |RW A2_5[23:16] —
OX8F BAND 5 RIW A2_5[15:8] —
0x90 | COEFFICIENT A2 [Roy A2_5[70] —
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Table 1. MAX98090 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR| NAME lRw| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 BIT 1 BIT 0 STATE
PLAYBACK PARAMETRIC EQUALIZER BAND 6: BIQUAD FILTER COEFFICIENT REGISTERS

091 |  pquaLizer  |RW B0_6[23:16] —
0x92 BAND 6 RIW BO_6[15:8] —
x93 | COEFFICIENT BO [Rryy BO_6[7:0] —
094 | pquaLizer |RW B1_6[23:16] —
0x95 BAND 6 RIW B1_6[15:8] —
0x96 | COEFFICIENT BT [Royy B1_6[7.0] —
097 |  pquaLizer  |RW B2_6[23:16] —
0x98 BAND 6 RIW B2_6[15:8] —
x99 | COEFFICIENT B2 [gryy B2 6[7:0] —
09A|  pquaLizEr  |RW A1_6[23:16] —
0x9B BAND 6 RIW A1_6[15:8] —
0x9C | COEFFICIENT AT [Ry A6[70] —
0| gquaLizEr |RW A2_6[23:16] —
OX9E BAND 6 RIW A2_6[15:8] —
0xOF | COEFFICIENT A2 [Rry A2_6[70] —
PLAYBACK PARAMETRIC EQUALIZER BAND 7: BIQUAD FILTER COEFFICIENT REGISTERS

0A0|  pquaLizER |RW B0_7[23:16] —
OXAT BAND 7 RIW B0_7[15:8] —
o2 | COEFFICIENT BO [Royy BO_7[7:0] —
0A3|  cquaLizer  |RW B1_7[23:16] —
OxA4 BAND 7 RIW B1_7[15:8] —
x5 | COEFFICIENT BT [Royy B1_707:0] —
06| pquALizER |RW B2_7[23:16] —
OXA7 BAND 7 RIW B2_7[15:8] —
oxpg | COEFFICIENT B2 [Royy B2 7[7:0] —
0A9|  quaLizER |RW A1_7[23:16] —
OXAA BAND 7 RIW A1_7[15:8] —
oxAB | COEFFICIENT A1 [ A_770] —
0AC|  EquALIZER  |IRW A2_7[23:16] —
OXAD BAND 7 RIW A2_7[15:8] —
OxAE | COEFFICIENT A2 [ A2 770] —
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Table 1. MAX98090 Control Register Map (continued)

REGISTER DESCRIPTION REGISTER CONTENTS POR
ADDR| NAME  [RW| BIT7 | BIT6 | BIT5 | BIT4 | BIT3 | BIT2 | BIT1 | BITo | STATE
RECORD BIQUAD FILTER COEFFICIENT REGISTERS
OXAF RIW REC_BO[23:16] —

RECORD BIQUAD :
0xB0 | ocrreient 8o IRV REC_BO[15:8] —
0xB1 RIW REC_BO[7:0] —
0xB2 RIW REC_B1[23:16] —
RECORD BIQUAD :
083 | orrrcient 81 KW REC_B1[15:8] —
0xB4 RIW REC_BA[7:0] —
0xB5 RIW REC_B2[23:16] —
RECORD BIQUAD :
086 | orrricient 82 KW REC_B2[15:8] —
0xB7 RIW REC_B2[7:0] —
0xB8 RIW REC_A1[23:16] —
RECORD BIQUAD :
089 | ocrrcienT At IR REC_A1[15:8] —
OXBA RIW REC_A1[7:0] —
0xBB RIW REC_A2[23:16] —
RECORD BIQUAD :
0XBC| woremioEnT Ap W REC_A2[15:8] —
0xBD RIW REC_A2[7:0] —
REVISION ID REGISTER
OXFF| REVISIONID | R | REVID[7:0] e
Software Reset equalizer coefficients are not reset). The software reset
The device provides a software controlled reset (Table ~ redister is a pushbutton, write only register. As a result,

a read of this register always returns 0x00. Writing logic-
high to SWRESET triggers a software register reset, while
writing a logic-low to SWRESET has no effect.

2) that is used to return most registers to their default
(POR) states (the record biquad and playback parametric

Table 2. Software Reset Register

ADDRESS: 0x00
BIT NAME TYPE | POR DESCRIPTION

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

’ SWRESET w 0 1: Resetgall registers to their default POR values. This excludes the record biquad
and playback parametric equalizer filter coefficients (Table 30 and Table 52).

6 — — — —

5 — — — —

4 — — — —

3 — — — —

2 — — — —

1 — — — —

0 — — — —
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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
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

Table 3. Bias Control Register

Ultra-Low Power Stereo Audio Codec

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.

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
for enhanced performance. The ADC also has optional

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.

Table 4. DAC and Headphone Performance Mode Control Register

ADDRESS: 0x43
NAME TYPE

BIT POR

DESCRIPTION

Nfw|[dh|jloOo|lO® (N

Performance Mode

1 PERFMODE R/W

Selects DAC to headphone playback performance mode:
1: Low power headphone playback mode.
0: High performance headphone playback mode.

DACHP R/W

DAC High-Performance Mode
0: DAC settings optimized for lowest power consumption.
1: DAC settings optimized for best performance.
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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
details on ADC operation.

Ultra-Low Power Stereo Audio Codec

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 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 |0: 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.
Table 6. Device Shutdown Register
ADDRESS: 0x45
DESCRIPTION
BIT NAME TYPE |POR
Device Active-Low Global Shutdown Control
- SHDN RIW 0 0: Dev!ce !s in s.hutdown.
1: Device is active.
Certain registers should not be written to while the device is active (Table 90).
6 — — — —
5 — — — —
4 — — — —
3 — — — —
2 — — — —
1 — — — —
0 — — — —
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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.

When the device is in global shutdown, the major input
and output blocks are all disabled to conserve power.

Table 7. Input Enable Register

Ultra-Low Power Stereo Audio Codec

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
90). 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: 0x3E
DESCRIPTION
BIT NAME TYPE |POR
6 — — — —
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 either six (WLP package) or four
(TQFN package) flexible analog inputs. Each pair can
be configured as either an analog microphone input, a

Ultra-Low Power Stereo Audio Codec

single-ended or differential line input(s), or as a reduced
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.

e A FLEXSOUND 4
“ ) | i TECHNOLOGY
{MBVSEL[1:0]} | MICCLK[2:0] | ; DSP :
DIGITAL DIGITAL ‘
POLK MIC DATA MIC DATA \=&
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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
(three for the WLP package and two for the TQFN pack-
age) and a programmable, low-noise microphone bias
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. For the WLP package, the

Ultra-Low Power Stereo Audio Codec

additional analog input pair (IN5 and IN6) can be con-
figured as a differential input (IN5 - IN6) to either micro-
phone amplifier 1 or 2 (Table 24).

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 (WLP
only) can be retasked as another microphone input.

T I MIXADL[6:0] |
{ MBEN | [ MBVSEL[1:0]] ;[]
MICBIAS MICROPHONE
BIAS
GENERATOR - 