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A 16-Ω Audio Amplifier With 93.8-mW Peak Load
Power and 1.43-mW Quiescent Power Consumption

Chaitanya Mohan, Student Member, IEEE, and Paul M. Furth, Senior Member, IEEE

Abstract—A low-distortion three-stage class-AB audio amplifier
is designed to drive a 16-Ω headphone speaker load. High power
efficiency is achieved using fully differential internal stages with
local common-mode feedback and replica biasing of the output
stage. The threshold voltage of nMOS transistors was made com-
parable to that of pMOS transistors by negatively biasing the
p-substrate in order to achieve high linearity. Multiple compensa-
tion networks guarantee the stability of the audio amplifier when
driving a wide range of capacitive loads from 10 pF to 5 nF.
Peak power delivered to the load is measured as 93.8 mW (cor-
responding to 46.9 mW RMS) with −77.9-dB total harmonic
distortion; quiescent power is only 1.43 mW. The power-supply
rejection ratio from both ±1.5-V supplies exceeds 63 dB over
the entire audio frequency range. The design is implemented in
a 0.5-μm CMOS process and occupies 0.34 mm2 of area.

Index Terms—Audio amplifier, class-AB amplifier, headphone
driver, local common-mode feedback (CMFB) network, Miller
compensation, replica bias.

I. INTRODUCTION

MANY PORTABLE devices available in the market, such
as laptops, cellphones, and music players, require audio

amplifiers that are capable of driving small resistive loads and
a wide range of capacitive loads in order to accommodate
a variety of headphone sets. Moreover, the size of portable
devices is decreasing, and the battery size is likewise decreasing
[1]–[3]. Therefore, integrated audio amplifiers should occupy
low area and should have very low quiescent power dissipation
in order to achieve higher runtime per charge.

The amplifier gain per stage is decreasing with new fabri-
cation processes due to smaller transistor lengths and lower
supply voltages. Thus, to achieve high gain while driving
low resistive loads, multistage amplifiers are required. As the
number of stages in an amplifier increases, stability starts to
degrade [2]–[6]. Thus, often complex compensation networks
are required to ensure adequate stability of a multistage am-
plifier. Some of the commonly used compensation schemes
for multistage amplifiers are single Miller compensation with
a nulling resistor, nested Miller compensation, reverse nested
Miller compensation, and cascode compensation. In general,
cascode compensation improves stability and bandwidth over
Miller compensation techniques. Moreover, with the absence
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Fig. 1. Architecture of the proposed three-stage audio amplifier.

of the feedforward path in cascode compensation, the nulling
resistor can be completely eliminated [7].

Apart from low power dissipation, high gain, the ability to
drive a wide range of capacitive loads, low area, and stability,
other essential features of audio amplifiers are high maximum
output current and low distortion [1], [8]–[10]. The ideal
choices for audio amplifiers are class-AB and -D amplifiers
[8]. Although class-D amplifiers have high maximum output
current, low power dissipation, and low distortion [10], class-
AB amplifiers are preferred for audio amplifiers because they
have better power-supply rejection ratio (PSRR) than class-D
amplifiers [1], [8]. Moreover, class-D amplifiers are subject to
electromagnetic interference [9], [10].

Recently, a wide range of class-AB audio headphone drivers
have been proposed. Two-stage amplifiers, employing a high-
gain differential amplifier as the first stage and a push–pull
common–source amplifier as the output stage, appear in [1],
[8], [10], and [11]. Architectures proposed in [9] and [12] use
three stages, in which the second stage is a common–source
amplifier. Nested Miller compensation is used in [12], whereas
[9] employs Miller compensation and damping-factor-control
frequency compensation.

We propose a new three-stage class-AB headphone driver
that incorporates all of the desired features of an integrated
audio amplifier; its architecture is shown in Fig. 1. The pro-
posed architecture is unique in that it is fully differential up
until the push–pull output stage, reducing distortion, even at
low bias currents. Three Miller compensation networks are used
to ensure stability. In addition, the proposed amplifier employs
negative substrate biasing as a means of further reducing har-
monic distortion.
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Fig. 2. Schematic of the proposed three-stage audio amplifier.

This brief is organized as follows. The operation of the
proposed class-AB audio amplifier is explained in Section II.
The compensation networks used to stabilize the proposed
amplifier and pole-zero analysis are presented in Section III.
Experimental test results are presented in Section IV, followed
by discussion and conclusion.

II. AMPLIFIER DESIGN

The schematic of the proposed audio amplifier is shown in
Fig. 2. The first two stages are realized using fully differential
amplifiers. The third stage is a push–pull common–source am-
plifier. The first two stages generate symmetric gain at the gates
of the output stage transistors and, also, internally cancel even-
order harmonics. Common-mode feedback (CMFB) networks
with replica bias are used in the second stage to generate a
known bias current through the output stage.

A. First Stage

The first stage of the audio amplifier is implemented with
a fully differential folded-cascode amplifier using transistors
M1 − M12. Transistors M13 − M20, along with the two re-
sistors labeled R1, form the CMFB network. The common-
mode output voltage of the first stage is set to 0 V through
the dc input VR = 0 V. Resistive loads incorporated in the
CMFB network provide high linearity. The gain of the first
stage is AV 1 = gm1 · R1, where gm1 is the transconductance
of M3,4. The load resistance at node Vo1+ is approximately R1,
as R1 � (gm · r2

o)/2, the approximate output resistance of the
cascode amplifier. The bias voltages VB1, VB2, VB3, and VB4

are internally generated using the bias circuit in Fig. 2.
The gain of the first stage can be enhanced with the addition

of voltage buffers in series with CMFB resistors R1 [13].
The effect is an approximately 20-dB increase in gain and a

modest 1- to 2-dB improvement in total harmonic distortion
(THD). The cost is increased quiescent power and circuit
complexity.

B. Second Stage

The second stage of the amplifier is implemented with two
fully differential amplifiers, i.e., a pMOS differential amplifier
and an nMOS differential amplifier, for driving the gates of
the nMOS and pMOS common–source amplifiers of the output
stage, respectively. This architecture provides symmetric gains
and pole frequencies at the gates of the nMOS and pMOS
common–source amplifiers of the third stage.

The pMOS differential amplifier is realized using transistors
M21 − M28 and its CMFB network with transistors M29 −
M36 and two resistors labeled R2. Transistors M37 − M39 form
the replica bias circuit. The voltage VRN is VGS above VSS .
This voltage is replicated to the gate of the output stage nMOS
common–source amplifier MN . The quiescent current through
MN (IBN ) is computed as

IBN =

(
W
L

)
MN(

W
L

)
M39

· IB. (1)

The gain of the second stage is gm2 · R2, where gm2 is the
transconductance of transistors M23,24, and R2 is the local
CMFB resistance.

Similarly, the nMOS differential amplifier is realized with
transistors M40 − M47 and its CMFB network with transistors
M48 − M55 and two resistors labeled R2/2. Transistors M56 −
M58 form the replica bias circuit. Since the input capacitance
associated with transistor MP is twice that of transistor MN ,
as explained in the next subsection, the local CMFB network
resistors are made R2/2 in order to obtain a pole at the same
frequency as the pole at the input of transistor MN . The bias
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Fig. 3. Small-signal model of the proposed three-stage audio amplifier.

current through the nMOS differential amplifier is made twice
that of the pMOS differential amplifier, and the size of the
nMOS transistors M44 and M45 are doubled, such that the gain
of the nMOS differential amplifier is 2 · gm2 · (R2/2) = gm2 ·
R2. Thus, the gains of the nMOS and pMOS differential am-
plifiers are identical. The current through transistor MP (IBP )
under quiescent conditions is

IBP =

(
W
L

)
MP(

W
L

)
M58

· IB. (2)

C. Output Stage

The output stage consists of pMOS and nMOS common–
source amplifiers. A huge amount of current is required in
the output stage to drive low resistive and large capacitive
loads. The mobility of electrons is approximately twice that
of holes in a 0.5-μm CMOS process. Hence, the width of
the pMOS device is made twice that of the nMOS device to
attain similar strength for push–pull action. As such, the pMOS
transistor has twice the gate capacitance of the nMOS transistor.
Therefore, a local CMFB resistance of R2/2 is used in the
nMOS differential amplifier of the second stage in order to
have the same pole frequency as that of the pMOS differential
amplifier, as described in the previous subsection.

The gate of transistor MP is biased at VDD − VSG,58 by the
nMOS differential amplifier of the second stage. The swing at
the gate of MP is limited to ±(VSG,58 − VSDSAT,41) due to the
resistive load of the local CMFB resistors R2/2. Similarly,
the gate of MN is biased at VSS + VGS,39, and the swing is
limited to ±(VGS,39 − VDSSAT,28). Since the threshold volt-
ages of nMOS and pMOS transistors are different in a 0.5-μm
CMOS process, we used a negative substrate bias of 1.5 V
to equalize the threshold voltages, so that the swing at the
gates of transistors MP and MN are the same. Biasing the
p-substrate 1.5 V below VSS improves harmonic distortion by
approximately 8 dB and enhances latchup immunity [14].

III. COMPENSATION

The architecture of the proposed audio amplifier is shown
in Fig. 1. Three variations of Miller compensation are incor-
porated in order to achieve adequate stability. The small-signal
model of the architecture is shown in Fig. 3.

Miller compensation resistor RC1 and capacitor CC1 are
employed between the output of the third stage and the inverting
output terminal of the first stage. This compensation network
determines the dominant pole of the amplifier. Symmetric
Miller compensation capacitors CC2 with nulling resistor RC2

are applied between the noninverting output terminals of the
two second-stage differential amplifiers and the noninverting
output terminal of the first stage. In order to achieve the
same pole frequency at the output of both the pMOS and the
nMOS differential amplifiers, Miller capacitor CC3 is used at
the noninverting output of the second-stage pMOS differential
amplifier, and Miller capacitor 2CC3 is used at the noninverting
output terminal of the second-stage nMOS differential ampli-
fier, as shown in Fig. 3.

A. Small-Signal Model

The first stage of the amplifier is modeled with two voltage-
controlled current sources (VCCSs), since the first-stage
outputs Vo1+ and Vo1− are not connected to symmetric compen-
sation networks. The second stage is separately drawn for nMOS
and pMOS differential amplifiers. The third stage is represented
with two VCCSs, for the nMOS and pMOS common–source
amplifiers. The resistances R1, R2, and R2/2 are local CMFB
resistors and the output resistance ROUT ≈ RL = 16 Ω, as
RL � roP ‖roN . COUT is the load capacitance. Let Ci (i =
1, 2, 3) represent the parasitic capacitance to ground at the out-
put of the ith stage. When developing the small-signal model,
we assumed CC1, CC2, CC3, C2, CLOAD � C1, C3.

B. Poles and Zeros

Assuming poles are real and widely separated, we derived the
low-frequency gain and poles and zeros of the three-stage audio
amplifier from the small-signal model in Fig. 3 using symbolic
manipulation software. The low-frequency gain is given by

AV = gm1R1 · gm2R2 · gm3ROUT. (3)

The proposed amplifier has four poles and three zeros. Sub-
stituting simulated dc operating point values, we find that the
second pole (ωP2) of the amplifier is approximately cancelled
by the first zero (ωZ1) and the third pole (ωP3) is approxi-
mately cancelled by the second zero (ωZ2). The amplifier also
has a right-half plane zero (ωZ3) at a very high frequency. Thus,
the system acts as a two-pole system. Table I shows pole/zero
equations and their estimated frequencies.

The open-loop magnitude and the phase response of the
amplifier are shown in Fig. 4 for a load of 16 Ω‖500 pF. The
estimated locations of poles and zeros in Table I are indicated
on the magnitude response. The low-frequency gain of the
amplifier is 51.5 dB, the phase margin is 72◦, and the unity-gain
frequency is 1.23 MHz.
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TABLE I
EQUATIONS OF POLES AND ZEROS WITH ESTIMATED VALUES

Fig. 4. Simulated open-loop gain and phase response with 16 Ω‖500 pF load.

Low-frequency gain and pole frequencies change with load,
since gm3 increases with the magnitude of IL. As gm3 in-
creases, the first and second pole frequencies move further
apart. Transient simulations, which are experimentally verified
in Section IV, demonstrate the stability of the amplifier over a
wide range of load current and output capacitance.

C. Cascode Versus Miller Compensation

As an alternative to Miller compensation, we considered
cascode compensation between the output of the third stage and
node VCAS of the first stage in Fig. 2. Reduced total compen-
sation capacitance and increased bandwidth were observed in
the open-loop response of the proposed amplifier, for the same
phase margin of 72◦. We observed no significant difference in
THD for either method. However, the simulated PSRR from
VDD quickly degraded at higher frequencies; cascode compen-
sation was 16 dB lower than Miller compensation at 20 kHz.
In addition, the maximum capacitive load was only 1 nF for
cascode compensation, compared with 5 nF for Miller.

IV. EXPERIMENTAL RESULTS

The audio amplifier was fabricated in a 0.5-μm CMOS
process. The amplifier was configured with a gain of −4 V/V.
The measured response of the audio amplifier to a 200 mVpp

50-kHz square wave for various capacitive loads is shown in
Fig. 5. No ringing was observed for capacitive loads from
10 pF to 5 nF and IL swinging from −25 to 25 mA. The
slew rate is approximately 1.2 V/μs. The quiescent current is
measured as 475 μA for ±1.5-V supply voltages.

Fig. 6 shows the measured output distortion using the SR770
Network Analyzer for a 1-kHz sinusoidal input signal. The
amplitude of the input is 1.225 V, and the amplifier gain is

Fig. 5. Measured square-wave response for a wide range of capacitive loads
at a gain of −4 V/V. Output signals are intentionally offset for visibility.

Fig. 6. Output of the amplifier at a gain of −1 V/V, measured using SR770
FFT Network Analyzer for a 2.45 VPP, 1-kHz sinusoidal input signal.

−1 V/V. Even harmonics are internally cancelled by the fully
differential first and second stages. The higher value of the
second harmonic is due to the single-ended output stage [9].
THD is −77.9 dB at a peak load power of 93.8 mW. SNR is
79.9 dB.

The PSRR from VDD and VSS were also measured using
the SR770, as depicted in Fig. 7. Over the entire audio range,
i.e., 20 Hz to 20 kHz, the PSRR from VDD exceeds 63 dB,
and the PSRR from VSS exceeds 66 dB. As mentioned in the
introduction, a high PSRR is a desirable feature of integrated
audio amplifiers.

Sensitivity to mismatch and variations in process, voltage,
and temperature were investigated through simulation. Phase
margin was found to be insensitive, always exceeding 70◦.
Quiescent power had small variations, limited to ±10%. On
the other hand, THD degraded by as much as 10 dB at high
temperatures and reduced supply voltages.

A micrograph of the audio amplifier is shown in Fig. 8.
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Fig. 7. Measured PSRR from VDD and VSS with 16 Ω‖500 pF load.

Fig. 8. Micrograph of the proposed audio amplifier, (640 × 534) μm2.

V. DISCUSSION AND CONCLUSION

In Table II, performance characteristics of the proposed audio
amplifier are compared with other 16-Ω headphone drivers
found in the literature. The proposed audio amplifier has
±1.5-V supply voltages, whereas [9] has two different supply
voltages for internal stages and the output stage and [11] used
only a single 0.8-V supply. The THD of the proposed amplifier
is −77.9 dB, which is superior to [11] and [12] but inferior
to [9] and [15]. It can drive a maximum of 5-nF capacitive
load, whereas [9] and [12] can drive more than 10 nF. The
quiescent power is 1.43 mW, which is comparable to [9] and
lower than the other headphone drivers. The total compensation
capacitance is only 16.3 pF, which is close to [9] and half that
of [12]; therefore, the entire design can be easily integrated
on-chip. Similar to [9], which uses multiple supply voltages,
a limitation of the proposed design is the need for a twin-well
process, since the p-substrate is negatively biased with respect
to VSS .

A process-independent figure of merit (FOM) defined in [9]
can be used to characterize the overall power efficiency of an
audio amplifier and is given by

FOM =
PP

PQ
(4)

where PP is the peak power delivered to the load, and PQ is
the quiescent power of the amplifier. FOM is not an exhaustive
performance metric, as it focuses only on power efficiency. In
general, the higher the value of FOM, the better. The FOM for
the proposed audio amplifier is 65.8, which is approximately
twice that of [9] and 8 to 50 times higher than all other
amplifiers in Table II. As such, the designed audio amplifier
exhibits the highest power efficiency of any comparable design
in Table II.

TABLE II
COMPARISON OF AMPLIFIER PERFORMANCE CHARACTERISTICS
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