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SYSTEMS AND METHODS FOR LOAD 
DETECTION AND CORRECTION INA 

DIGITAL AMPLIFER 

Matter enclosed in heavy brackets appears in the 
original patent but forms no part of this reissue specifica 
tion; matter printed in italics indicates the additions 
made by reissue. 

RELATED APPLICATIONS 

This application claims priority to U.S. Patent application 
Ser. No. 10/805,741, entitled “Systems And Methods For 
Automatically Adjusting Channel Timing.” by Taylor, et al., 
filed Mar. 22, 2004, which claims priority to: U.S. Provisional 
Patent Application No. 60/456,421, entitled “Output Device 
Switch Timing Correction.” by Taylor, et al., filed Mar. 21, 
2003: U.S. Provisional Patent Application No. 60/456,414, 
entitled "Adaptive Anti-Clipping Protection.” by Taylor, et 
al., filed Mar. 21, 2003: U.S. Provisional Patent Application 
No. 60/456,430, entitled “Frequency Response Correction.” 
by Taylor, et al., filed Mar. 21, 2003: U.S. Provisional Patent 
Application No. 60/456,429, entitled “High-Efficiency, 
High-Performance Sample Rate Converter by Anderson, et 
al., filed Mar. 21, 2003: U.S. Provisional Patent Application 
No. 60/456,422, entitled “Output Filter, Phase/Timing Cor 
rection.” by Taylor, et al., filed Mar. 21, 2003: U.S. Provi 
sional Patent Application No. 60/456,428, entitled “Output 
Filter Speaker/Load Compensation.” by Taylor, et al., filed 
Mar. 21, 2003: U.S. Provisional Patent Application No. 
60/456,420, entitled “Output Stage Channel Timing Calibra 
tion.” by Taylor, et al., filed Mar. 21, 2003: U.S. Provisional 
Patent Application No. 60/456,427, entitled “Intelligent 
Over-Current, Over-Load Protection.” by Hand, et al., filed 
Mar. 21, 2003; each of which is fully incorporated by refer 
ence as if set forth herein in its entirety. 

BACKGROUND 

1. Field of the Invention 
The invention relates generally to audio amplification sys 

tems, and more particularly to systems and methods for 
detecting the impedance of an output load coupled to a digital 
amplifier and compensating for changes in the frequency 
response of the amplifier. 

2. Related Art 
Pulse Width Modulation (POMPWM) or Class D signal 

amplification technology has existed for a number of years. 
POMPWM technology has become more popular with the 

proliferation of Switched Mode Power Supplies 
(SUMPSSMPS). Since this technology emerged, there has 
been an increased interest in applying POM PWM tech 
niques in signal amplification applications as a result of the 
significant efficiency improvement that can be realized 
through the use of Class D power output topology instead of 
the legacy (linear Class TAB) power output topology. 

Early attempts to develop signal amplification applications 
utilized the same approach to amplification that was being 
used in the early SUMPSSMPS. More particularly, these 
attempts utilized analog modulation schemes that resulted in 
low performance applications. These applications were com 
plex and costly to implement. Consequently, these solutions 
were not widely accepted. Prior art analog implementations 
of Class D technology have therefore been unable to displace 
legacy Class TAB amplifiers in mainstream amplifier appli 
cations. 
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2 
Recently, digital POM PWM modulation schemes have 

Surfaced. These schemes use Sigma-Delta modulation tech 
niques to generate the POMPWM signals used in the newer 
digital Class D implementations. These digital POMPWM 
schemes, however, did little to offset the major barriers to 
integration of POMPWM modulators into the total ampli 
fier solution. Class D technology has therefore continued to 
be unable to displace legacy Class TAB amplifiers in main 
stream applications. 
One of the problems with prior art systems and methods is 

that the quality and performance of the discrete output power 
Switches and their associated drivers is unknown and varies as 
the performance and demand of the application change. 

Another problem with prior art systems and methods is that 
the performance and quality characteristics of the remainder 
of the signal processing system vary with the applications in 
which they are used. Because the exact implementation in 
each system and the end-user applications are not determin 
istic, each system requires a point Solution. These point solu 
tions are not flexible, Scaleable or transportable across appli 
cations. 

Yet another problem with prior art systems and methods is 
that their frequency responses vary with changes in the 
respective load impedances. In a conventional open loop sys 
tem, an output reconstruction filter produces a low-pass filter 
response that is dependent upon the output load. As the load 
of a particular system is increased, the high frequency 
response of the system decreases in a predictable manner. 

Because of these problems with the prior art, it would be 
desirable to provide systems and methods to detect changes in 
output loads and to compensate for these changes to maintain 
an optimal frequency response and optimal performance. 

SUMMARY OF THE INVENTION 

One or more of the problems outlined above may be solved 
by the various embodiments of the invention. Broadly speak 
ing, the invention comprises systems and methods for detect 
ing the impedance of an output load coupled to a digital 
amplifier and compensating for changes in the frequency 
response of the amplifier. 
One embodiment of the invention is implemented in a 

Class D pulse width modulated (POMPWM) amplifier. In 
this embodiment, a digital POMPWM test signal is gener 
ated. This test signal is processed by the amplifier to produce 
a corresponding analog audio output signal that is used to 
drive a speaker. A sense resistor placed in series with the 
speaker is used to generate a test Voltage that is compared to 
a reference voltage. When the test voltage reaches the refer 
ence Voltage, the current through the sense resistor (hence the 
speaker) is at a known level, so the value of the digital test 
signal is noted. The impedance of the speaker is then deter 
mined from the test signal value and the speaker current. 

After the speaker impedance has been determined, the 
signal processing that is performed by the amplifier can be 
automatically adjusted to optimize the processing for the 
computed speaker impedance. The amplifier can thereby 
compensate for increased high-frequency response that 
would otherwise occur with higher-impedance loads and 
decreased high-frequency response that would occur with 
lower-impedance loads. In one embodiment, the impedance 
of the speaker is determined using test signals having mul 
tiple, different frequencies. This results in an impedance pro 
file for the speaker, which may be used as the basis for 
modifying the signal processing performed by the amplifier. 
In one embodiment, the impedance profile can be compared 
to a library of profiles corresponding to specific speakers. If 
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the impedance profile matches one of the library profiles, the 
speaker can be identified, and the audio signal processing 
performed by the amplifier can be optimized according to 
known parameters that are associated with the identified 
speaker. 
One alternative embodiment comprises a method imple 

mented in a digital amplifier. The method includes generating 
a digital test signal, converting the digital test signal to an 
analog signal and driving a load with the analog signal. A 
threshold level of current through the load is detected and the 
value of the digital test signal that generated the threshold 
level of current through the load is identified. Based on this 
information, an impedance is calculated for the load at the 
frequency of the test signal. The method can be repeated for 
multiple test signal frequencies to create an impedance pro 
file. The impedance information can be used to automatically 
adjust the frequency response and/or other operating param 
eters of the amplifier. In one embodiment, the calculated 
impedance profile is compared to a library of profiles for 
known speakers, and if it matches one of the profiles, operat 
ing parameters for the corresponding speaker are imple 
mented. 

Another alternative embodiment comprises a digital 
amplifier that includes a digital test signal generator, a digital 
engine configured to convert the test signal to an analog 
signal, and an output stage. The output stage is configured to 
receive the analog signal and to drive a load and a sense 
resistor that is in series with the load. A comparator receives 
the Voltage across the sense and a reference Voltage which is 
equal to the resistance of the sense resistor times a threshold 
level of current. The comparator generates a binary signal 
indicating whether the Voltage across the sense resistor 
exceeds the reference Voltage. This binary signal is provided 
to a processor that identifies the value of the digital test signal 
corresponding to transitions in the binary signal. The proces 
Sor then calculates an impedance of the load based on the 
threshold level of current and the value of the digital test 
signal corresponding to the transition in the binary signal. The 
amplifier may be configured to vary the frequency of the test 
signal and to determine the impedance of the load for various 
frequencies. Based on the impedance information, the pro 
cessor automatically adjusts the processing input signals to 
optimize its performance for the detected load. 
Numerous other embodiments are also possible. 
The various embodiments of the present invention may 

provide a number of advantages over the prior art. For 
example, the embodiments of the present invention may be 
much less complex and easier to implement and maintain than 
in comparable prior art systems. Prior art systems that attempt 
to perform load detection typically measure output current 
and voltage with RMS-to-DC converters, then perform an 
A/D conversion on the full measured values, and then calcu 
late the result of the voltage divided by the current. The 
present embodiments instead perform a simple comparison of 
analog values and produce a binary over-threshold signal. 
Another advantage that may be provided by embodiments of 
the invention is the automatic adjustment of the system pro 
cessing in response to the detected load. Prior art systems 
typically require manual adjustment of operating parameters 
by a user. Present embodiments may adjust the frequency 
response of the amplifier in response to a one or more output 
load values, or may adjust other operating parameters that 
correspond to a particular speaker that is identified by com 
paring a calculated impedance profile to a library of profiles. 
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4 
Still other advantages may also be provided by the various 
embodiments of the invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Other objects and advantages of the invention may become 
apparent upon reading the following detailed description and 
upon reference to the accompanying drawings. 

FIG. 1 is a functional block diagram illustrating a POM 
PWM amplification system in accordance with one embodi 
ment of the invention. 

FIG. 2 is a more detailed diagram illustrating a digital 
POMPWM amplifier in accordance with one embodiment. 
FIG. 3 is a flow diagram illustrating a method for deter 

mining the impedance of a load on the output of a digital 
amplifier in accordance with one embodiment. 

FIG. 4 is a flow diagram illustrating a method for generat 
ing an impedance profile for a load on the output of a digital 
amplifier in accordance with one embodiment. 

FIG. 5 is a functional block diagram illustrating a digital 
POM PWM amplifier in accordance with one alternative 
embodiment. 

FIG. 6 is a diagram illustrating the linear increase? decrease 
of current through the sense resistor as a function of time in 
accordance with one embodiment. 

While the invention is subject to various modifications and 
alternative forms, specific embodiments thereofare shown by 
way of example in the drawings and the accompanying 
detailed description. It should be understood, however, that 
the drawings and detailed description are not intended to limit 
the invention to the particular embodiment which is 
described. This disclosure is instead intended to cover all 
modifications, equivalents and alternatives falling within the 
Scope of the present invention as defined by the appended 
claims. 

DETAILED DESCRIPTION OF PREFERRED 
EMBODIMENTS 

One or more embodiments of the invention are described 
below. It should be noted that these and any other embodi 
ments described below are exemplary and are intended to be 
illustrative of the invention rather than limiting. 
As described herein, various embodiments of the invention 

comprise systems and methods for detecting the impedance 
of an output load coupled to a digital amplifier and compen 
sating for changes in the frequency response of the amplifier. 
One embodiment is implemented in a Class D pulse width 
modulated (POMPWM) amplifier. A mechanism is pro 
vided for determining the impedance of a speaker that is 
coupled to the output of the amplifier. The processing of the 
digital audio signal is then adjusted if necessary to optimize 
the frequency response of the amplifier for the specific imped 
ance of the speaker. 

In this embodiment, a digital test signal (e.g., a sine wave) 
is generated. This test signal is processed by the amplifier to 
produce a corresponding analog audio output signal that is 
used to drive the speaker. The current through the speaker is 
determined and used in conjunction with the test signal that 
produced the current to determine the impedance of the 
speaker. More specifically, the current through the speaker is 
used to generate a test Voltage that is compared to a reference 
voltage. When the test voltage reaches the reference voltage, 
the value of the digital test signal is noted. The impedance of 
the speaker is then determined from this information. 
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After the impedance has been determined, the signal pro 
cessing that is performed by the amplifier can be automati 
cally adjusted to optimize the processing for the computed 
speaker impedance. The amplifier can thereby compensate 
for increased high-frequency response that would otherwise 
occur with higher-impedance loads and decreased high-fre 
quency response that would occur with lower-impedance 
loads. 

In one embodiment, the process of generating a test signal 
and determining the digital signal level at which the test 
Voltage reaches the reference Voltage is repeated for a variety 
of different test signals to produce an impedance profile for 
the speaker. This impedance profile may be used as the basis 
for modifying the signal processing performed by the ampli 
fier. In one embodiment, the impedance profile can be com 
pared to a library of profiles corresponding to specific speak 
ers. If the impedance profile matches one of the library 
profiles, the speaker can be identified, and the audio signal 
processing performed by the amplifier can be optimized 
according to known parameters that are associated with the 
identified speaker. 

Referring to FIG. 1, a functional block diagram illustrating 
a POM (PWM) amplification system in accordance with one 
embodiment of the invention is shown. As depicted in the 
figure, POM (PWM) amplification system 100 comprises an 
internal processor 110, a delta-sigma converter 120, a POM 
PCM-to-POMPWM modulator 130, a Driver 150, an output 
stage 160, a speaker 170 and a feedback subsystem 180. 
Delta-sigma converter 120 and POMPCM-to-POMPWM 
modulator 130 form a Class D modulator 140. 

In normal operation, a digital audio signal is provided to 
processor 110 of the amplifier. Processor 110 performs audio 
processing on the received digital signal. Processor 110 may 
perform various types of processing on the signal, including 
pre-correction of the signal that will compensate for a non 
optimal frequency response in the remainder of the amplifier. 
The processed digital audio signal is then converted to a 1-bit, 
pulse width modulated digital data stream by Class D modu 
lator 140. This 1-bit data stream is characterized by two 
control signals that are output to driver 150, which then uses 
the signals to drive the upper and lower Switches of output 
stage 160. The signal produced by output stage 160 can then 
be used to drive a speaker 170. 

The structure of the amplifier in FIG. 1, with the exception 
offeedback subsystem 180, is very similar to a more conven 
tional digital POM (PWM) amplifier. As in conventional 
amplifiers, the processing of digital audio signals by the 
amplifier to produce analog output signals varies somewhat 
with frequency. Ideally, the frequency response of the ampli 
fier would be flat across all audio frequencies. In practice, 
however, it may be difficult to achieve this ideal. Various types 
of processing (e.g., filtering) of the digital data are employed 
in an attempt to optimize (flatten) the frequency response of 
the amplifier. Typically, however, the processing performed 
by the amplifier is optimized for a point solution that incor 
porates a specific speaker impedance. If a speaker having a 
higher impedance is used, the frequency response tends to 
increase at higher frequencies. If a speaker having a lower 
impedance is used, the frequency response tends to droop at 
higher frequencies. The present embodiment therefore incor 
porates a mechanism to determine the impedance of the 
speaker and to adjust the frequency response if necessary to 
correspond to this impedance. 
The Speaker impedance detection and compensation 

mechanism includes feedback subsystem 180. Feedback sub 
system 180 is coupled to output stage 160 and is configured to 
detect a threshold level of current through speaker 170. When 
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6 
this threshold level of current is detected, a feedback signal 
that is provided to processor 110 is asserted. This feedback 
signal may also be referred to herein as an “over-threshold' 
signal, since the signal is asserted when the current through 
the speaker is over a threshold level. The assertion of the 
feedback signal is used by processor 110 to identify the value 
of a digital test signal that caused the speaker current to reach 
the threshold level. This value is then used by processor 110 
to determine the impedance of speaker 170 at the frequency of 
the test signal. 

It should be noted that the structure illustrated in FIG. 1 is 
merely exemplary. Other embodiments may incorporate 
more or fewer components, or may have alternative configu 
rations. 

Referring to FIG. 2, a more detailed diagram illustrating a 
digital POM (PWM) amplifier in accordance with one 
embodiment is shown. As depicted in this figure, the proces 
sor of the amplifier is implemented using a digital signal 
processor (DIPDSP) 210. DIPI DSP 210 includes a test 
signal generator 211. Test signal generator 211 is configured 
to generate pulse code modulated (POMPCM) test signals 
that are provided to POMPWM engine 240. POMPWM 
engine 240 converts the stream of POM PCM audio data 
that is received from DIPDSP 210 into POMPWM audio 
data. The POMPWM data is provided to driver/level shifter 
250, which produces a pair of signals to drive high-side and 
low-side Switching transistors 261-264 in the output stage. 
Transistors 261-264 are switched on and off to allow current 
to flow through speaker 270, as well as through CL filters 
(consisting of inductors 265 and 267, and capacitors 266 and 
268) on either side of the speaker. The feedback mechanism in 
this embodiment consists of a resistor 281 positioned in series 
with speaker 270, and a differential amplifier 282. Differen 
tial amplifier 282 receives the voltage across resistor 281 and 
a reference Voltage as inputs, and provides an output signal 
indicating which of the voltages is higher to DIPDSP210. 
The amplifier of FIG. 2 operates in essentially the follow 

ing manner. Signal generator 211 generates a test signal that 
consists of a sine wave having a particular frequency and a 
particular amplitude. As noted above, the test signal consists 
of digital POM PCM data. The POM PCM test signal is 
converted by POM PWM engine 240 into a POMPWM 
signal, which is used by driver/level shifter 250 to generate 
high-side and low-side Switching signals. These Switching 
signals are essentially inverses of each other, aside from 
minor timing differences that need not be discussed here. 
When the high-side signal is asserted and the low-side signal 
is not, transistors 261 and 264 are Switched on, and transistors 
262 and 263 are switched off. Current therefore flows from 
the voltage source through transistor 261, inductor 265, 
speaker 270, inductor 267, transistor 264 and resistor 281. 
When the low-side signal is asserted and the high-side signal 
is not, transistors 262 and 263 are switched on, and transistors 
261 and 264 are switched off. Current then flows from the 
voltage source through transistor 263, inductor 267, speaker 
270, inductor 265, transistor 262 and resistor 281. 

It is apparent that, whether the high-side or low-side signal 
is asserted (i.e., whether current is flowing in one direction or 
the other.) the current through speaker 270 also flows through 
resistor 281. The size of resistor 281 is chosen to be small 
(e.g., 50 m2) in order to minimize the effect of the resistor in 
the circuit. Since the voltage across resistor 281 is equal to the 
current through the resistortimes the resistance of the resistor 
(i.e., V=AIR) the voltage across the resistor is proportional to 
the current through the resistor (and through speaker 270.) 
Thus, when the voltage across resistor 281 reaches a thresh 
old level, the current through the resistor and speaker 270 is at 
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a corresponding threshold current level. The threshold volt 
age level across resistor 281 is determined by the reference 
voltage that is input to differential amplifier 282. When the 
Voltage across resistor 281 is less than the reference Voltage, 
the signal at the output of differential amplifier 282 is not 
asserted. When the voltage across resistor 281 is greater than 
the reference voltage, the signal at the output of differential 
amplifier 282 is asserted. Consequently, when the Voltage 
across resistor 281 is equal to the reference Voltage, the output 
signal of differential amplifier 282 transitions from low to 
high (if the Voltage across resistor 281 is increasing) or from 
high to low (if the Voltage across resistor 281 is decreasing.) 

The output signal from differential amplifier 282 is pro 
vided to DIPDSP 210. When the output signal of differen 
tial amplifier 282 transitions from low to high (or from high to 
low.) DIPI DSP 210 determines the value of the test signal 
produced by signal generator 211. The value of the test signal 
at the transition corresponds to the known speaker current, so 
it can be used to determine the impedance of the speaker. 
More specifically, the impedance of the speaker is calculated 
by multiplying a proportionality constant times the ratio of 
the POM PCM test signal value and the voltage across 
resistor 281 (which is equal to the reference voltage.) 

It should be noted that the impedance of the speaker is 
frequency-dependent. Consequently, the determination of the 
speaker impedance is performed with a test signal that has a 
constant frequency and a variable amplitude. It is preferred 
that the test signal be a sine wave having the selected fre 
quency. The amplitude of the test signal is initially low and is 
increased until the Voltage drop across resistor 281 matches 
the reference voltage, and the corresponding test signal value 
is determined. The POMPCM test signal value is then used 
to determine the impedance of the speaker at the frequency of 
the test signal. 

The method implemented by the system of FIG. 2 is sum 
marized in the flow diagram of FIG. 3. As shown in FIG.3, a 
POM PCM test signal is first generated (block 310.) As 
noted above, the test signal is preferably a sine wave having a 
fixed frequency. The test begins with the test signal at an 
initial amplitude, but the amplitude will be varied as 
described below. The digital POM PCM test signal is pro 
cessed by the POMPWM amplifier (block 320) to generate 
an analog signal Suitable for driving a speaker. This process 
ing includes converting the POM PCM signal to a POM 
PWM signal and driving an output stage with the POM 
PWM signal to produce the analog output signal. The POM 
PWM amplifier may also be configured to filter the audio 
signal at various stages within the amplifier. 
The analog output signal is then used to drive the speaker 

(block 330.) and the current through the speaker is monitored 
to determine whether the current has reached/exceeded a 
threshold level (block 340.) In the embodiment of FIG. 2, this 
is achieved by comparing the Voltage across a sense resistor 
that is placed in series with the speaker to a reference Voltage. 
The difference between the sense resistor voltage and the 
reference Voltage is amplified to produce a binary signal that 
is low when the sense resistor voltage is less than the refer 
ence Voltage and high when the sense resistor Voltage is 
greater than the reference voltage. The transition of this 
binary signal from low to high indicates that the sense resistor 
Voltage is equal to the reference Voltage. If the binary signal is 
low, the amplitude of the test signal is increased slightly 
(block 350.) The increased-amplitude signal is processed by 
the POMPWM amplifier (block 320) and used to drive the 
speaker (block 330.) This process continues until the sense 
resistor Voltage is greater than the reference Voltage. 
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When the sense resistor voltage is greater than the refer 

ence Voltage, the speaker current is determined to be equal to 
(or just greater than) a threshold level (block 340.) This is 
indicated by the transition of the binary signal from low to 
high. The binary signal is provided to the DIP DSP and, 
when the signal transitions from low to high, the DIPI DSP 
records the value of the POM PCM signal at the test signal 
generator that caused the transition (block 360.) This may be 
accomplished, for example, by generating an interrupt when 
the transition is detected. The corresponding value of the 
POM PCM signal corresponds to the known threshold cur 

rent level through the speaker. The value of the POM PCM 
signal and the threshold current level through the speaker are 
then used to calculate the impedance of the speaker (block 
370.) Based upon the calculated impedance of the speaker, 
the response of the amplifier can be adjusted (e.g., to com 
pensate for high-frequency peaking or drooping.) 

Because the impedance of the speaker varies with fre 
quency, it may be desirable to determine the impedance of the 
speaker at more than a single frequency. If so, then the same 
procedure described above can be repeated at one or more 
other frequencies. The resulting impedance values form an 
impedance profile (as a function of frequency) for the 
speaker. The impedance profile can be used as the basis for 
modifying the frequency response of the amplifier to opti 
mize the performance of the amplifier for use with the 
speaker. 

Referring to FIG. 4, a flow diagram illustrating a method 
for generating an impedance profile for a speaker is shown. 
The method of FIG. 4 begins with the selection of a frequency 
at which an initial test will be performed (block 410.) The 
impedance at this initial frequency is then determined (block 
420.) This may, for example, involve using the method 
described in connection with FIG. 3 at the initial frequency. 
After the impedance is determined for the initial frequency, it 
is determined whether there are additional frequencies for 
which the speaker impedance should be calculated (block 
430.) If impedances should be determined for additional fre 
quencies, then a new frequency is selected (block 440.) The 
impedance for the new frequency is determined (block 420) 
and the process is repeated for as many additional frequencies 
as desired. It should be noted that the reference voltage need 
not be changed for the different test signal frequencies. 
When there are no additional frequencies for which the 

impedance of the speaker needs to be determined (see block 
430.) the impedance-versus-frequency data points are com 
bined to form an impedance profile for the speaker (block 
450.) The impedance profile is then used to modify the fre 
quency response of the speaker, if necessary, to optimize the 
response of the amplifier for the speaker (block 460.) 

It should be noted that the manner in which the frequency 
response of the amplifier is modified may vary from one 
embodiment to another. For example, the amplifier may 
implement filters (e.g., a band of parametric equalizers) or 
other mechanisms to change the frequency response. In one 
embodiment, the amplifier may initially be optimized for a 
first speaker, and may therefore have a frequency response 
that complements the impedance profile of the first speaker. If 
the impedance profile of the speaker that is actually connected 
to the amplifier is different from that of the first speaker, the 
amplifier can change the filtering of the audio signal to com 
pensate for the differences between the first and actual imped 
ance profiles. 

In another embodiment, an amplifier may store a collection 
(a library) of impedance profiles for known speakers. These 
impedance profiles may be generated using any Suitable 
methods, such as those described above. The impedance pro 



US RE43,461 E 
9 

files may alternatively be derived from data sheets or other 
sources of information for the speakers. In addition to the 
impedance profiles, the amplifier stores operating parameters 
(e.g., frequency response data) for the speakers. For each 
impedance profile, there are one or more corresponding oper 
ating parameters that are stored. In this embodiment, when an 
impedance profile is generated for a speaker that is connected 
to the amplifier, the amplifier compares the generated imped 
ance profile to the impedance profiles that are stored in the 
library. If the profile of the actual speaker matches one of the 
library profiles, the operating parameters corresponding to 
the matching library profile are selected and implemented in 
the amplifier in order to optimize the performance of the 
amplifier. 

It should be noted that the operating parameters discussed 
in the preceding paragraph may include a variety of different 
things that affect the performance of the system, Such as 
frequency response compensation, signal timing alignment, 
crossover parameters, and so on. These operating parameters 
affect the specific manner in which the amplifier performs 
with respect to particular system characteristics. These may 
include any number of characteristics that a system designer 
might wish to “fine tune' in the amplifier, but which cannot be 
optimized without knowing the specific characteristics of the 
speaker(s) that are connected to the amplifier. This feature 
allows the designer to fine tune the amplifier's performance 
for a variety of different speakers and, when the amplifier 
determines which speaker is actually connected to the ampli 
fier, the corresponding operating parameters can be imple 
mented in order to optimize the performance of the system. 

In another embodiment, an amplifier includes means to 
accumulate and process the results of multipletests in order to 
improve the accuracy of the speaker current measurement. 
For example, the accumulation/processing means may con 
sist of an integrator that is configured to process the binary 
over-threshold signal and to provide a resulting signal to a 
variable gain block. This is illustrated in FIG. 5. 

Referring to FIG. 5, a functional block diagram illustrating 
a digital POMPWM amplifier in accordance with one alter 
native embodiment is shown. In this figure, a DIPDSP510 
includes a test signal generator 511 which is configured to 
generate pulse code modulated (POMPCM) test signals. 
Rather than being provided directly to POMPWM engine 
540, the POM PCM signal is provided to a variable gain 
block 530. Variable gain block 530 adjusts the gain of the 
POM PCM signal according to a control signal received 
from integrator 520. the gain-adjusted POM PCM signal is 
then provided to POMPWM engine 540, which converts the 
stream of POM PCM audio data into POM PWM audio 
data. The POMPWM data is provided to driver/level shifter 
550, which produces a pair of signals to drive output stage/ 
speaker 560. 
As in the embodiment of FIG. 2, a sense resistor 581 is 

placed in series with the speaker, and the Voltage across 
resistor 581 is provided to a differential amplifier 582. Dif 
ferential amplifier 582 then generates the over-threshold sig 
nal that indicates whether the voltage across resistor 581 is 
higher or lower than a reference Voltage which is also pro 
vided to the differential amplifier. The over-threshold signal 
produced by differential amplifier 582 is provided to integra 
tor 520 which, as noted above, processes the binary over 
threshold signal and provides the resulting control signal to 
variable gain block 530. 

This embodiment forms a closed loop system that regulates 
the output signal level as a function of the output impedance. 
The lower the impedance, the lower the output signal level. 
With a continuous test signal, the control Voltage becomes 
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10 
representative of the output impedance. The control loop 
provides real-time averaging over thousands of measure 
ments, which greatly increases the accuracy and repeatability 
of the current (or impedance) measurement. This control loop 
also has the advantage of requiring minimal maintenance on 
the part of the DIPI DSP. 

In one embodiment, the same closed-loop mechanism 
described above can be used to enhance impedance detection 
during a test mode and to provide circuit protection in an 
operational mode. In the test mode, a very low reference 
Voltage is used in the comparison with the Voltage across the 
sense resistor. This is sufficient to provide the necessary infor 
mation to determine the impedance of the output load. When 
the system exits the test mode and enters the operational 
mode, the reference Voltage is increased to a level that is equal 
to the resistance of the sense resistor times an upper current 
threshold. This threshold may, for example, be a maximum 
allowable current. In this case, the differential amplifier (or 
other comparator) compares the sense resistor Voltage to the 
reference Voltage and generates an output signal that indicates 
whether the load current has exceeded the maximum thresh 
old. If so, then the amplifier may be configured to take Such 
action as shutting down or limiting the current in order to 
avoid damage to the system. 

Another alternative embodiment is designed to reduce the 
impact of errors that arise from variability in the amplifier. 
The accuracy of current/impedance measurements is affected 
by the tolerances and inaccuracies of various components in 
the system. For instance, there may be variations in the output 
power Supply Voltage, in the reference Voltage level, and in 
the resistance of the sense resistor. This alternative embodi 
ment provides a mechanism to effectively cancel these errors 
out of the system's measurements. 

This embodiment makes use of several ideas to reduce the 
effects of variability in the system. One of the ideas makes use 
of the fact that the current through the sense resistor is trap 
ezoidal. (“Trapezoidal as used here refers to the fact that the 
speaker current passes through an inductive element that 
causes the current to increase or decrease linearly, as shown in 
FIG. 6.) The current therefore has a low frequency audio 
component and a high frequency ripple component due to the 
CLLC filter in the output. This at first appears to be prob 
lematic because, at very low levels of audio, the magnitude of 
the ripple Voltage is much greater than the audio contribution. 
The amplifier, however, employs a debounce mechanism that 
causes the over-threshold signal to be passed to the DIPDSP 
only if the signal is asserted by the comparator for a minimum 
interval (a selected amount of time or number of cycles.) As a 
result, the signal does not “bounce” between asserted and 
deasserted States. By carefully adjusting the debounce 
counters that process the over-threshold signal, audio com 
ponents of the signal can be discriminated from the ripple 
voltage even when the reference voltage is set well below the 
level of the ripple voltage. It should be noted that the same 
debounce mechanism used for this purpose during testing 
used for other purposes during normal operation of the ampli 
fier. 

Another idea of which this embodiment takes advantage is 
the use of multiple debounce timing values. In this embodi 
ment, readings are made with the debounce timing set to use 
two different values. Then, rather than processing the actual 
readings, the measurement ratio is used. As a result, many of 
the variables which cannot be controlled, including several of 
the largest error contributors, cancel out in the mathematical 
equations that are applied. The calculations become insensi 
tive to power supply, the absolute value of the reference 
Voltage and the sense resistor value. The equations are instead 
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a function of output filter components and debounce timing, 
both of which can be accurately controlled. 

Only a few of the possible embodiments of the invention 
have been discussed in this disclosure. Many alternative 
embodiments are possible, and many will be apparent to 
persons of skill in the art of the invention upon reading this 
disclosure. It should also be noted that the various compo 
nents of the systems described above should be construed 
broadly to include comparable components. For instance, 
while the foregoing description refers to speakers, this should 
be construed to include other types of output loads (e.g., 
subsequent amplifiers) as well. Similarly, references to the 
DIPI DSP should be construed to include other types of 
processors and/or control circuitry, references to the differ 
ential amplifier should be construed to include other types of 
comparators, and so on. 

Those of skill in the art will understand that information 
and signals may be represented using any of a variety of 
different technologies and techniques. For example, data, 
instructions, commands, information, signals, bits, symbols, 
and chips that may be referenced throughout the above 
description may be represented by Voltages, currents, elec 
tromagnetic waves, magnetic fields or particles, optical fields 
or particles, or any combination thereof. The information and 
signals may be communicated between components of the 
disclosed systems using any Suitable transport media, includ 
ing wires, metallic traces, vias, optical fibers, and the like. 

Those of skill will further appreciate that the various illus 
trative logical blocks, modules, circuits, and algorithm steps 
described in connection with the embodiments disclosed 
herein may be implemented as electronic hardware, computer 
software, or combinations of both. To clearly illustrate this 
interchangeability of hardware and Software, various illustra 
tive components, blocks, modules, circuits, and steps have 
been described above generally in terms of their functionality. 
Whether such functionality is implemented as hardware or 
Software depends upon the particular application and design 
constraints imposed on the overall system. Those of skill in 
the art may implement the described functionality in varying 
ways for each particular application, but such implementation 
decisions should not be interpreted as causing a departure 
from the scope of the present invention. 
The various illustrative logical blocks, modules, and cir 

cuits described in connection with the embodiments dis 
closed herein may be implemented or performed with general 
purpose processors, digital signal processors (DSPs) or other 
logic devices, application specific integrated circuits 
(ASICs), field programmable gate arrays (FPGAs), discrete 
gates or transistor logic, discrete hardware components, or 
any combination thereof designed to perform the functions 
described herein. A general purpose processor may be any 
conventional processor, controller, microcontroller, state 
machine or the like. A processor may also be implemented as 
a combination of computing devices, e.g., a combination of a 
DIPDSP and a microprocessor, a plurality of microproces 
sors, one or more microprocessors in conjunction with a 
DIPI DSP core, or any other such configuration. 
The steps of the methods or algorithms described in con 

nection with the embodiments disclosed herein may be 
embodied directly inhardware, in software or firmware mod 
ules executed by a processor, or in a combination thereof. A 
software product may reside in RAM memory, flash memory, 
ROM memory, EPROM memory, EEPROM memory, regis 
ters, hard disk, a removable disk, a CD-ROM, or any other 
form of storage medium known in the art. An exemplary 
storage medium is coupled to the processor Such the proces 
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Sor can read information from, and write information to, the 
storage medium. In the alternative, the storage medium may 
be integral to the processor. The processor and the storage 
medium may reside in an ASIC. The ASIC may reside in a 
user terminal. In the alternative, the processor and the storage 
medium may reside as discrete components inauser terminal. 
The previous description of the disclosed embodiments is 

provided to enable any person skilled in the art to make or use 
the present invention. Various modifications to these embodi 
ments will be readily apparent to those skilled in the art, and 
the generic principles defined herein may be applied to other 
embodiments without departing from the spirit or scope of the 
invention. Thus, the present invention is not intended to be 
limited to the embodiments shown herein but is to be 
accorded the widest scope consistent with the principles and 
novel features disclosed herein. 
The benefits and advantages which may be provided by the 

present invention have been described above with regard to 
specific embodiments. These benefits and advantages, and 
any elements or limitations that may cause them to occur or to 
become more pronounced are not to be construed as critical, 
required, or essential features of any or all of the claims. As 
used herein, the terms “comprises.” “comprising.” or any 
other variations thereof, are intended to be interpreted as 
non-exclusively including the elements or limitations which 
follow those terms. Accordingly, a system, method, or other 
embodiment that comprises a set of elements is not limited to 
only those elements, and may include other elements not 
expressly listed or inherent to the claimed embodiment. 

While the present invention has been described with refer 
ence to particular embodiments, it should be understood that 
the embodiments are illustrative and that the scope of the 
invention is not limited to these embodiments. Many varia 
tions, modifications, additions and improvements to the 
embodiments described above are possible. It is contem 
plated that these variations, modifications, additions and 
improvements fall within the scope of the invention as 
detailed within the following claims. 
What is claimed is: 
1. A method implemented in a digital amplifier comprising: 
(a) generating a digital test signal; 
(b) converting the digital test signal to an analog signal; 
(c) driving a load with the analog signal; 
(d) detecting a threshold level of current through the load; 
(e) identifying a value of the digital test signal that gener 

ated the threshold level of current through the load; and 
(f) calculating an impedance of the load based on the 

threshold level of current through the load and the cor 
responding value of the digital test signal. 

2. The method of claim 1, wherein detecting a threshold 
level of current through the load comprises comparing a mea 
Sured analog signal corresponding to the level of current 
through the load to an analog reference signal corresponding 
to the threshold level of current and generating a binary signal 
that indicates whether the measured analog signal exceeds the 
analog reference signal. 

3. The method of claim 1, further comprising repeating 
(a)-(f) with multiple digital test signals having different fre 
quencies and one or more threshold levels of current through 
the load, and calculating an impedance profile of the load 
based on the threshold levels of current through the load and 
the corresponding values of the digital test signals. 

4. The method of claim 3, further comprising comparing 
the calculated impedance profile of the load to a library of 
impedance profiles and selecting one of the impedance pro 
files in the library that matches the calculated impedance 
profile of the load. 
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5. The method of claim 4, further comprising implement 
ing a set of operating parameters in the digital amplifier that is 
associated with the selected one of the impedance profiles in 
the library. 

6. The method of claim 1, wherein the digital test signal 
comprises a pulse code modulated (PCM) signal and convert 
ing the digital test signal to the analog signal comprises con 
verting the PCM signal to a pulse width modulated (PWM) 
signal and converting the PWM signal to the analog signal. 

7. The method of claim 6, wherein detecting the threshold 
level of current through the load comprises comparing a Volt 
age across a sense resistor that is in series with the load to a 
reference Voltage that is equal to a resistance of the sense 
resistor times the threshold level of current. 

8. The method of claim 7, further comprising asserting a 
binary signal when the Voltage across the sense resistor 
exceeds the reference Voltage. 

9. The method of claim 7, further comprising asserting an 
interrupt when the Voltage across the sense resistor exceeds 
the reference Voltage. 

10. A method comprising: 
in a test mode, 

generating a digital test signal, 
converting the digital test signal to an analog test signal, 
applying the analog test signal across a load and a sense 

resistor, 
comparing a Voltage across the sense resistor to a first 

reference voltage, wherein the first reference voltage 
is equal to a resistance of the sense resistortimes a first 
threshold level of current, 

generating a binary signal indicating whether the Volt 
age across the sense resistor exceeds the first refer 
ence Voltage, 

identifying a value of the digital test signal that causes 
the binary signal to transition between high and low 
states, and 

calculating an impedance of the load based on the first 
threshold level of current and the identified value of 
the digital test signal; 

in an operational mode, 
converting a digital audio digital test signal to an ana 

log audio signal, 
applying the analog signal across a load and a sense 

resistor, 
comparing a Voltage across the sense resistor to a second 

reference voltage, wherein the second reference volt 
age is equal to a resistance of the sense resistor times 
a second threshold level of current which is higher 
than the first threshold level of current, 

generating a binary signal indicating whether the Volt 
age across the sense resistor exceeds the second ref 
erence Voltage, and 

taking a protective action to limit the load current when 
the binary signal indicates that the Voltage across the 
sense resistor exceeds the second reference Voltage. 

11. The method of claim 10, wherein the protective action 
comprises at least temporarily shutting down the amplifier. 

12. A digital amplifier comprising: 
a digital test signal generator configured to generate a 

digital test signal; 
an engine configured to convert the digital test signal to an 

analog signal; 
an output stage configured to receive the analog signal and 

to drive a load and a sense resistor in series with the load 
with the analog signal; 
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14 
a reference Voltage generator configured to generate a ref 

erence Voltage equal to a resistance of the sense resistor 
times a threshold level of current; 

a comparator configured to compare a Voltage across the 
sense resistor to the reference Voltage and to generate a 
binary signal indicating whether the Voltage across the 
sense resistor exceeds the reference Voltage; 

a processor configured to identify a value of the digital test 
signal corresponding to a transition in the binary signal 
and to calculate an impedance of the load based on the 
threshold level of current and the value of the digital test 
signal corresponding to the transition in the binary sig 
nal. 

13. The digital amplifier of claim 12, wherein the voltage 
across the sense resistor and the reference Voltage comprise 
analog signals. 

14. The digital amplifier of claim 12, wherein the digital 
test signal generator is configured to generate digital test 
signals of different frequencies for multiple tests; and 
wherein the processor is configured to identify values of each 
digital test signal corresponding to transitions in the binary 
signal and to calculate impedances of the load for each test 
signal frequency based on the threshold level of current and 
the value of each digital test signal corresponding to transi 
tions in the binary signal. 

15. The digital amplifier of claim 14, wherein the processor 
is configured to compare the calculated impedances for each 
test signal frequency to a library of impedance profiles and to 
select one of the impedance profiles in the library that 
matches the calculated impedances of the load. 

16. The digital amplifier of claim 15, wherein the processor 
is further configured to implement a set of operating param 
eters in the digital amplifier that is associated with the 
selected one of the impedance profiles in the library. 

17. The digital amplifier of claim 12, wherein the digital 
test signal generator is configured to generate a pulse code 
modulated (PCM) signal and the engine configured to convert 
the digital test signal to an analog signal comprises a pulse 
width modulated (PWM) engine. 

18. The digital amplifier of claim 12, wherein the processor 
is configured to assert an interrupt when the binary signal 
transitions from low to high. 

19. The digital amplifier of claim 1812, further compris 
ing an accumulator configured to receive the binary signal 
and to assert an output signal to the processor only if the 
binary signal is asserted for a predetermined interval. 

20. The digital amplifier of claim 12, wherein: 
in a test mode, 

the reference Voltage generator is configured to generate 
a first reference Voltage equal to a resistance of the 
sense resistor times a first threshold level of current 
below a maximum current level, and the processor is 
configured to calculate the impedance of the load 
based on the threshold level of current and the value of 
the digital test signal corresponding to the transition 
in the binary signal; and 

in an operational mode, 
the reference Voltage generator is configured to generate 

a second reference Voltage equal to a resistance of the 
sense resistortimes a second threshold level of current 
which is higher than the first threshold level of cur 
rent; and 

the processor is configured to take action to limit the 
current through the load when the binary signal is 
asserted. 
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21. A method implemented in a digital amplifier compris 
ing. 

(a) generating a digital test signal having a corresponding 
value, 

(b) converting the digital test signal to an analog test signal 
that drives a load 

(c) sensing a test voltage indicative of a current that flows 
through the load in response to the analog test signal 
driving the load 

(d) adjusting the value of the digital test signal, to thereby 
adjust an amplitude of the analog test signal driving the 
load, until the sensed test voltage reaches a reference 
voltage, and 

(e) calculating an impedance of the load in dependence on 
the value of the digital test signal that causes the sensed 
test voltage to reach the reference voltage. 

22. The method of claim 21, filrther comprising: 
(f) modifiving a response of the digital amplifier in depen 

dence of the calculated impedance of the load. 
23. The method of claim 22, wherein step (f) includes 

modifying the response of the digital amplifier to compensate 
for high-frequency peaking and/or drooping. 

24. The method of claim 21, wherein: 
the analog test signal that drives the load has a corre 

sponding frequency, and 
steps (a), (b), (c), (d) and (e) are performed for each of a 

plurality of different frequencies of the analog test signal 
to thereby calculate an impedance profile of the load. 

25. The method of claim 24, filrther comprising: 
(f) modifiving a response of the digital amplifier in depen 

dence of the calculated impedance profile of the load. 
26. The method of claim 21, wherein to reduce effects of 

variability in the digital amplifier: 
step (e) comprises calculating the impedance of the load in 

dependence on the value of the digital test signal that 
causes the sensed test voltage to reach the reference 
voltage for at least a predetermined interval. 

27. The method of claim 21, wherein: 
the reference voltage is generated in dependence on a 

threshold level of current, and 
the calculating the impedance of the load at Step (e) is also 

in dependence on the threshold level of current. 
28. The method of claim 27 filrther comprising generating 

the reference voltage in dependence on the threshold level of 
Ctirrent. 

29. The method of claim 21, wherein: 
the load comprises a speaker, and 
the analog test signal Comprises an analog audio test Sig 

nal that drives the speaker: 
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30. The method of claim 29, wherein: 
the digital test signal generated at step (a) comprises a 

digital pulse code modulated (PCM) audio test signal 
and 

at Step (b) the digital PCM test signal is converted to an 
analog pulse width modulated (PWM) audio test signal 
that drives the speaker: 

31. A digital amplifier comprising: 
circuitry configured to convert a digital test signal to an 

analog test signal that drives a load 
further circuitry configured to sense a test voltage indica 

tive of a current that flows through the load in response 
to the analog test signal driving the load and 

a processor configured to 
adjust a value of the digital test signal, to thereby adjust 

an amplitude of the analog test signal driving the 
load, until the sensed test voltage reaches a reference 
voltage, and 

calculate an impedance of the load in dependence on the 
value of the digital test signal that causes the sensed test 
voltage to reach the reference voltage. 

32. The digital amplifier of claim 31, wherein the processor 
is also configured to modify a response of the digital amplifier 
in dependence of the calculated impedance of the load. 

33. The digital amplifier of claim 31, filrther comprising: 
a digital test signal generator that generates the digital test 

signal for each of a plurality of different frequencies, so 
that the load is driven by the analog test signal for each 
of the plurality of different frequencies, 

wherein the processor is configured to calculated an 
impedance profile of the load, in dependence of the 
values of the digital test signal that cause the sensed test 
voltage to reach the reference voltage for the plurality of 
different frequencies, and 

wherein the digital signal generator can be implemented 
by the processor: 

34. The digital amplifier of claim 33, wherein the processor 
is also configured to modify a response of the digital amplifier 
in dependence of the calculated impedance profile of the load. 

35. The digital amplifier of claim 31, wherein to reduce 
effects of variability in the digital amplifier; the processor 
calculates the impedance of the load in dependence on the 
value of the digital test signal that causes the sensed test 
voltage to reach the reference voltage for at least a predeter 
mined interval. 


