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DIGITAL AUTOMATIC GAIN CONTROL 

RELATED APPLICATION 

[0001] This application is a divisional of US. application 
Ser. No. 09/730,200 ?led Dec. 5, 2000, Which is incorporated 
herein by reference and made a part hereof. 

TECHNICAL FIELD 

[0002] The present invention relates generally to audio sig 
nal processing. More particularly, it pertains to inhibiting 
distortions that arise from adjusting gains of preampli?ers. 

BACKGROUND 

[0003] Sound systems can be broken doWn into three gen 
eral components: an input device, such as a microphone; a 
processing system; and an output device, such as a speaker. 
Sounds are picked up by the microphone, transmitted to the 
processing system Where they are processed, and then pro 
jected by the speaker so that the sounds can be heard at an 
appropriate distance. Both the microphone and the speaker 
are generally considered to be transducers. 
[0004] A transducer is a device that transforms one form of 
energy into another form of energy. In the case of a micro 
phone, sound energy, Which can be detected by the human ear 
in the range of 20 Hertz to 20,000 Hertz, is transformed into 
electrical energy in the form of an electrical signal. The elec 
trical signal can then be processed by a processing system. 
After the signal is processed, the speaker transforms the elec 
trical energy in the electrical signal to sound energy again. 
[0005] Before reaching the processing system, the electri 
cal signal is ampli?ed by a preampli?er using a certain gain. 
HoWever, if the electrical signal already represents a poWerful 
sound energy, the ampli?ed electrical signal may be at a level 
beyond the linear operating range of the signal processing 
circuitry folloWing the preampli?er. To limit the electrical 
signal to the operating range of the signal processing cir 
cuitry, an automatic gain control is used. 
[0006] The automatic gain control detects the level of the 
Waveform of the electrical signal, compares the level to a 
threshold, and adjusts the gain of the preampli?er to decrease 
the level of the electrical signal if the envelope is higher than 
the threshold. When the level is beloW the threshold, the 
automatic gain control increases the gain to its uncompressed 
level. 
[0007] HoWever, the automatic gain control, Which is sup 
posed to help, also hinders by adding undesired distortions to 
the electrical signal. These undesired distortions are frustrat 
ing to users of sound systems in general, but are particularly 
debilitating for users of hearing aids since these users depend 
upon such aids to maintain their ability to communicate. 
Without an acceptable solution to the undesired distortions, 
the optimum level of performance desired by the end user Will 
not be achieved. 

[0008] Thus, What are needed are systems, devices, and 
methods to inhibit AGC-induced distortions in sound sys 
tems, such as hearing aids. 

SUMMARY 

[0009] The above-mentioned problems With distortions in 
audio signal processing as Well as other problems are 
addressed by the present invention and Will be understood by 

Aug. 20, 2009 

reading and studying the folloWing speci?cation. Systems, 
devices, and methods are described Which inhibit AGC-in 
duced distortions. 

[0010] One illustrative embodiment includes a method for 
providing automatic gain control. The method includes 
smoothing an envelope of an input signal having a gain and 
adjusting the gain that is applied to the input signal. The act of 
adjusting is dependent on the level of the envelope relative to 
a threshold. The act of smoothing inhibits distortions arising 
from apparent modulation of the input signal. 
[0011] Another illustrative embodiment includes a hearing 
aid. The hearing aid includes an adjuster to adjust the gain so 
as to amplify an input signal, and a detector to form a smooth 
envelope that is a recti?ed version from the input signal. The 
detector presents the smooth envelope to the adjuster. The 
adjuster adjusts the gain that is applied to the input signal. The 
adjuster adjusts the gain based on the level of the envelope 
relative to a threshold. 

[0012] The digital system as Will be described has a number 
of bene?ts not seen before. One bene?t is an enhanced manu 
facturing process that reduces a need for external compo 
nents, such as capacitors, and the need to couple the external 
components to a circuit through I/ O pins. Another bene?t 
includes a reduction in the die area required to implement the 
digital automatic gain control loop. Other bene?ts include an 
enhanced control of the tolerance of the bandWidth of the 
automatic gain control, and the tolerance of the loop time 
constants of the automatic gain control. The system also 
bene?ts from an enhanced poWer ef?ciency and loW operat 
ing voltage performance. Additionally, the system alloWs a 
non-linear signal processing by selectively controlling the 
gain of the preampli?er or providing information to a 
Nyquist-rate digital signal processor to compensate for adap 
tive gain changes in the preampli?er. 
[0013] These and other embodiments, aspects, advantages, 
and features of the present invention Will be set forth in part in 
the description Which folloWs, and in part Will become appar 
ent to those skilled in the art by reference to the folloWing 
description of the invention and draWings or by practice of the 
invention. The aspects, advantages, and features of the inven 
tion are realiZed and attained by means of the instrumentali 
ties, procedures, and combinations particularly pointed out in 
the appended claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0014] FIG. 1 is a block diagram of a system according to 
one embodiment of the invention. 

[0015] FIG. 2 is a graph of a signal according to one 
embodiment of the invention. 

[0016] FIG. 3 is a graph of a signal according to one 
embodiment of the invention. 

[0017] FIG. 4 is a graph of a signal according to one 
embodiment of the invention. 

[0018] FIG. 5 is a graph of a signal according to one 
embodiment of the invention. 

[0019] FIG. 6 is a block diagram of a system according to 
one embodiment of the invention. 

[0020] FIG. 7 is a block diagram of a ?lter according to one 
embodiment of the invention. 

[0021] FIG. 8 is a block diagram ofa ?lter according to one 
embodiment of the invention. 
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[0022] FIG. 9 is a process diagram ofa method according to 
one embodiment of the invention. 

DETAILED DESCRIPTION 

[0023] In the following detailed description of the inven 
tion, reference is made to the accompanying drawings that 
form a part hereof, and in Which are shoWn, by Way of illus 
tration, speci?c embodiments in Which the invention may be 
practiced. In the draWings, like numerals describe substan 
tially similar components throughout the several vieWs. 
These embodiments are described in su?icient detail to 
enable those skilled in the art to practice the invention. Other 
embodiments may be utiliZed and structural, logical, and 
electrical changes may be made Without departing from the 
scope of the present invention. 
[0024] The embodiments of the invention focus on inhibit 
ing distortions that arise from automatic adjustments of the 
gain of preampli?ers in sound systems. An ear-Worn hearing 
aid is an example of such a sound system. As discussed 
hereinbefore, the automatic gain control, Which helps in 
adjusting the gain of the preampli?er, also hinders by adding 
undesired distortions to the electrical signal. 
[0025] The automatic gain control detects the envelope of 
the Waveform of the electrical signal, compares the envelope 
to a threshold, and adjusts the gain of the preampli?er. The act 
of detecting the envelope includes sampling the Waveform of 
the electrical signal to form samples of the envelope that are 
representative of the magnitude of the Waveform. Each 
sample of the envelope is then compared to the threshold by 
the act of comparing. If any of the samples is greater than or 
less than the threshold, the gain of the preampli?er is adjusted 
by the act of adjusting. After the gain is adjusted, the pream 
pli?er ampli?es the electrical signal so as to form an ampli?ed 
electrical signal. 
[0026] A curious phenomenon may occur during the acts of 
detecting, comparing, and adjusting: The magnitude of the 
Waveform of the ampli?ed electrical signal, for certain fre 
quencies, appears as if it has been modulated so as to form an 
amplitude modulation. This amplitude modulation is 
unWanted because it Will give rise to the undesired distortions. 
This phenomenon occurs When the frequency of the electrical 
signal is slightly removed from a rational factor of the sam 
pling frequency. 
[0027] Each sample of the envelope that includes the appar 
ent modulation is then compared to the threshold by the act of 
comparing. If any of the samples is greater than or less than 
the threshold, the gain of the preampli?er is adjusted by the 
act of adjusting. HoWever, because of the apparent modula 
tion in the envelope, the gain no longer tracks the true enve 
lope of the signal but varies periodically. This gain, Which 
varies periodically, is applied to the electrical signal by the 
preampli?er. The preampli?er produces an amplitude modu 
lation as a result of the application of the gain, Which varies, 
to the electrical signal. 
[0028] This amplitude modulation adds undesired fre 
quency components to the electrical signal. These undesired 
frequency components are distortions Which are inhibited by 
the embodiments of the invention. The embodiments of the 
invention solve this and other problems as discussed herein 
beloW. 
[0029] FIG. 1 is a block diagram of a system in accordance 
With one embodiment. A system 100 includes a microphone 
102. The microphone 102 transduces sound energy into an 
electrical signal. The microphone 1 02 is poWered by a voltage 
supply 104. The microphone 102 also couples to ground 106. 
[0030] The electrical signal is presented to a capacitor 108. 
The capacitor 108 removes the direct-current (DC) compo 
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nent of the electrical signal and presents the electrical signal 
to a preampli?er 110 Without the direct-current component. 
The preampli?er 110 ampli?es the electrical signal using a 
gain. As discussed hereinbefore, the electrical signal may be 
at a level that is too Weak for subsequent circuitry to process. 
The preampli?er 110 adjusts the level of the electrical signal 
so that the electrical signal is Within a range that is appropriate 
for further processing. 
[0031] The electrical signal, Which has been ampli?ed, is 
presented to an analog-to-digital converter 112. The analog 
to-digital converter 112 converts the electrical signal from an 
analog form to a digital form. The digital form includes a 
desired number of bits (N) at a predetermined sampling rate 
(F5) The electrical signal, Which is in the digital form, is 
presented to a ?lter 114. The ?lter 114 blocks the DC com 
ponent of the electrical signal. The ?lter 114 removes loW 
frequencies from the electrical signal. In one embodiment, 
the loW frequencies include frequencies less than about 100 
Hertz. The electrical signal With the loW frequencies removed 
is presented as a signal 116. The signal 116 is presented to the 
rest of the system 100 for processing. 
[0032] The signal 116 also forms a feedback signal 118. 
The feedback signal 118 is presented to a detector 120. In one 
embodiment, the detector 120 inhibits apparent modulation 
in the feedback signal 118 so as to inhibit distortions in the 
signal 116. In another embodiment, the detector 120 forms a 
smooth envelope of the feedback signal 118. The smooth 
envelope is a ?ltered estimate of the feedback signal 118. The 
smooth envelope lacks the apparent modulation. Because of 
the absence of the apparent modulation in the smooth enve 
lope, distortion of the signal 116 is inhibited. 
[0033] The detector 120 presents the smooth envelope to an 
adjuster 122. The adjuster 122 adjusts the gain of the pream 
pli?er 110 if the smooth envelope is above or beloW a thresh 
old. The adjuster 122 adjusts the gain of the preampli?er 110 
by producing an adjustment signal. In one embodiment, the 
adjustment signal is in a digital form. The digital form 
includes a desirable number of bits (M) at a predetermined 
sampling rate (F5). 
[0034] The adjuster presents the adjustment signal to a 
digital-to-analog converter 124. The digital-to-analog con 
ver‘ter converts the adjustment signal from the digital form to 
an analog form. In analog form, the adjustment signal is an 
analog adjustment that is used by the preampli?er 110. The 
adjustment signal lacks the apparent modulation. The pream 
pli?er 110 ampli?es the electrical signal using the adjustment 
signal so as to form an ampli?ed electrical signal. The ampli 
?ed electrical signal excludes the amplitude modulation that 
Would have formed if the adjustment signal Were to include 
the apparent modulation. Thus, the ampli?ed electrical signal 
contains desired frequency contents and lacks the amplitude 
modulation that gives rise to distortions. 

[0035] In one embodiment, the detector 120 includes a 
Hilbert ?lter. The Hilbert ?lter receives the feedback signal 
118 and produces tWo signals that are 90 degrees out of phase 
With each other. The detector 120 squares each signal of the 
tWo signals. The detector 120 then sums the tWo squared 
signals to form the smooth envelope. In another embodiment, 
the detector 120 takes the square root of the sum of the tWo 
squared signals to form the smooth envelope. 
[0036] FIG. 2 is a graph of an input signal according to one 
embodiment of the invention. The folloWing discussion of 
FIG. 2 is for the purpose of illustration only. The graph 200 
graphs a signal that is present in a digital automatic gain 
control loop. This signal exists after the act of detecting the 
envelope but before the act of adjusting the gain. The abscissa 
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of the graph 200 represents time in seconds. The ordinate of 
the graph 200 represents amplitude of the signal. 
[0037] The signal is a 5.01 kHZ sine Wave that has been 
sampled at 20 kHZ. 5.01 kHZ does not divide 20 kHZ by 
exactly an integer fraction. Thus, according to the discussion 
hereinbefore, the signal appears as if it includes an apparent 
modulation. The graph 200 con?rms that the amplitude of the 
signal appears modulated. The apparent modulation occurs as 
if the Waveform of the electrical signal is modulated With 
another signal. Mathematically, this other signal appears to be 
a recti?ed sine Wave With a frequency value of n[FSm/n— 
Finpm]. n includes a set of Whole numbers that is greater than 
1. F5 is the sampling frequency. In includes a set of Whole 
numbers excluding 0. Finpm is the frequency of the electrical 
signal being input into the automatic gain control. 
[0038] This apparent modulation is the genesis that causes 
distortions When the apparent modulation is transferred to the 
gain during the act of adjusting the gain and eventually to the 
signal during the act of amplifying the signal by the pream 
pli?er. It is this apparent modulation that is inhibited by the 
embodiments of the invention. 

[0039] The graph 200 shoWs that the apparent modulation 
includes a depth of modulation. This depth of modulation can 
be used in this circumstance to understand hoW much distor 
tion is present in the signal: the deeper the depth of modula 
tion, the greater the distortion. The depth of the modulation 
depends on Whether the frequency of the signal is evenly 
divisible by the sampling frequency. If it is evenly divisible, or 
a rational factor, the depth of modulation depends on the 
difference of the frequency of the signal and the nearest 
rational factor of the sampling frequency, the actual fre 
quency of the signal, and the bandWidth of the control loop. 
The smaller the difference and the higher the signal fre 
quency, the greater the depth of modulation, for signals Within 
the control bandWidth. 
[0040] What is shoWn in the graph 200 is the apparent 
modulation that may give rise to the amplitude modulation 
and hence the distortions When the signal is ampli?ed by the 
preampli?er. The amplitude modulation Will also include a 
depth of modulation. This depth of modulation tends to be 
greater as the level of the signal rises above the threshold of 
the adjuster of the digital automatic gain control. 
[0041] FIGS. 3-4 are graphs of a signal according to one 
embodiment of the invention. These graphs are for the pur 
pose of illustration only. FIG. 3 shoWs a graph 300A of an 
input signal into a sound system having a digital automatic 
gain control. The graph 300A graphs an input signal that is 
presented to a digital automatic gain control. The abscissa of 
the graph 300A represents time in seconds. The ordinate of 
the graph 300A represents amplitude of the signal. 
[0042] The graph 300A graphs a portion 302A of the signal 
that has an amplitude above the threshold of the digital auto 
matic gain control. As discussed hereinbefore, the digital 
automatic gain control Will reduce the amplitude of the input 
signal in the portion 302A by adjusting the gain of the pream 
pli?er. A portion 304A of the graph 300A has an amplitude 
beloW the threshold of the digital automatic gain control. As 
discussed hereinbefore, the digital automatic gain control 
Will increase the amplitude of the input signal in the portion 
304A by adjusting the gain of the preampli?er. 
[0043] FIG. 4 shoWs a graph 300B ofan output signal in a 
sound system having a digital automatic gain control. The 
graph 300B graphs an output signal that is produced by a 
digital automatic gain control. This output signal is processed 
from the input signal as shoWn in the graph 300A of FIG. 3. 
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The abscissa of the graph 300B represents time in seconds. 
The ordinate of the graph 300B represents amplitude of the 
signal. 
[0044] A portion 302B of the graph 300B re?ects the effort 
of the digital automatic gain control to reduce the amplitude 
of the input signal. The peaks of the signal in portion 302B 
tend to be discontinuous. These discontinuous peaks of the 
portion 302B are indicative of distortion in the signal. This 
distortion arises from the amplitude modulation of the signal 
that is inhibited by the embodiments of the invention. A 
portion 304B of the graph 300B re?ects the effort of the 
digital automatic gain control to increase the amplitude of the 
input signal. The portion 304B shoWs a gradual increase in the 
amplitude over time. 
[0045] FIG. 5 shoWs a graph 400 of an output signal in a 
sound system having a digital automatic gain control. The 
graph 400 graphs an output signal that is produced by a digital 
automatic gain control. This output signal is processed from 
the input signal as shoWn in the graph 300A of FIG. 3. The 
abscissa of the graph 400 represents time in seconds. The 
ordinate of the graph 400 represents amplitude of the signal. 
[0046] A portion 402 of the graph 400 indicates that the 
amplitude of the input signal is successfully reduced. Note 
that the peaks of the output signal are parabolic and not 
discontinuous. This indicates that the signal lacks the distor 
tion that is caused by the amplitude modulation as discussed 
hereinbefore. A portion 404 of the graph 400 shoWs that the 
amplitude of the input signal is successfully increased. 
[0047] FIG. 6 is a block diagram of a system according to 
one embodiment of the invention. A system 500 receives a 
signal, Which represents sound energy, from a microphone 
502. The signal enters a preampli?er 504. The preampli?er 
504 ampli?es the signal so that the signal has strength for 
subsequent processing by the system 500. The signal, Which 
is ampli?ed, enters an analog-to-digital converter 506. The 
analog-to-digital converter 506 converts the signal to a digital 
signal. The digital signal is in a form that can be easily 
processed by a digital integrated circuit. The digital signal 
enters a decimator 508. The decimator 508 reduces the num 
ber of samples While increasing the Word length in the digital 
signal for subsequent processing of the digital signal. The 
digital signal, Which has been decimated, enters an interpo 
lator 512. After interpolation by the interpolator 512, the 
digital signal enters a digital-to-analog converter 514. The 
digital-to-analog converter 514 converts the digital signal to 
an analog signal. The analog signal enters a speaker 516. The 
speaker 516 reproduces sounds from the analog signal. 
[0048] The digital signal, Which has been decimated by the 
decimator 508, is also processed by a digital automatic gain 
control 517. Recall that the digital automatic gain control 517 
helps to change the gain of the preampli?er 504. Speci?cally, 
the digital signal enters a ?lter 518. The ?lter 518 ?lters out 
loW frequencies in the digital signal. In one embodiment, the 
loW frequencies include frequencies beloW 100 Hertz. 
[0049] The digital signal, Which has been ?ltered, enters a 
detector 519. The detector 519 uses Hilbert ?lters to detect the 
envelope of the digital signal. Speci?cally, the digital signal 
enters a digital delay element 520. The digital delay element 
520 delays the digital signal and produces a delayed signal. 
The delayed signal enters a ?rst Hilbert ?lter 524. The ?rst 
Hilbert ?lter comprises an in?nite impulse response ?lter. 
The ?rst Hilbert ?lter 524 ?lters the delayed signal to form a 
?rst ?ltered signal. Besides presenting itself to the digital 
delay element 520, the digital signal also enters a second 
Hilbert ?lter 522. The second Hilbert ?lter comprises another 
in?nite impulse response ?lter. The second Hilbert ?lter 522 
?lters the digital signal to form a second ?ltered signal. 
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[0050] The ?rst ?ltered signal enters a ?rst multiplier 528. 
The ?rst multiplier 528 squares the ?rst ?ltered signal to form 
a ?rst squared signal. The second ?ltered signal enters a 
second multiplier 526. The second multiplier 526 squares the 
second ?ltered signal to form a second squared signal. Both 
the ?rst squared signal and the second squared signal enter an 
adder 530. The adder 530 adds the ?rst squared signal and the 
second squared signal together to form a sum-of-square sig 
nal. 
[0051] The sum-of-square signal enters a limiter 532. The 
limiter 532 limits the digital range of the sum-of-square sig 
nal to a desired operating range. The sum-of-square signal 
then enters an adder 536. The adder 536 determines the dif 
ference betWeen the sum-of-square signal and a threshold 
534. The sum-of-square signal is an envelope of the digital 
signal that is produced by the detector 519. Thus, in another 
vieW, the adder 536 determines the difference betWeen the 
envelope of the digital signal and a threshold 534. As Will be 
discussed, this difference is used to adjust the gain of the 
preampli?er 504. 
[0052] The difference determined by the adder 536 enters 
an adjuster 538. The adjuster 538 also receives the previous 
gain, an attack time constant, and a release time constant. The 
previous gain is the gain previously adjusted by the adjuster 
538. The attack time constant is used to decrease the gain, and 
the release time constant is used to increase the gain. 
[0053] If the difference is negative, the adjuster 538 
increases the gain of the preampli?er 504. The gain is 
increased by shifting the bits of the previous gain to the right 
by the release time constant, and taking the negative of the 
result of the shifting. In other Words, When the envelope of the 
digital signal is beloW the threshold 534, the gain of the 
preampli?er 504 should be increased. Such increase depends 
on the previous gain. The neW gain is obtained by multiplying 
the previous gain by the inverse of a poWer of tWo. The 
modi?er in this instance has a direct relationship to the release 
time constant. The discussed implementation uses shifts, 
Which is equivalent to multiplications by inverse poWers of 
tWo, to implement the time constants, but it should be under 
stood that these time constants can be implemented by other 
techniques, such as by regular multiplies. 
[0054] If the difference is positive, the adjuster 538 
decreases the gain of the preampli?er 504. The gain is 
decreased by shifting the bits of the difference to the right by 
the attack time constant. In other Words, When the envelope of 
the digital signal is above the threshold 534, the gain of the 
preampli?er 504 shouldbe decreased. Such decrease depends 
on the difference betWeen the envelope of the digital signal 
and the threshold. The neW gain is obtained by multiplying 
the difference by the inverse of a poWer of tWo. The modi?er 
in this instance has a direct relationship to the attack time 
constant. 

[0055] The neW gain enters an adder 540. The adder 540 
adds the neW gain to an adjusted previous gain to form the 
gain. The adjusted previous gain is formed from a Width 
adjuster 542 that adjusts the Width of the Word of the previous 
gain. The gain enters a limiter 544. The limiter 544 limits the 
range of the gain. The gain then enters a buffer 546. The buffer 
546 stores the gain and presents the gain to a rounding circuit 
548. The buffer 546 also feeds back the gain to the Width 
adjuster 542 and the adjuster 538. The rounding circuit 548 
rounds the gain to a smaller precision value so as to be 
compatible With the input Width of subsequent circuitry. 
[0056] The gain, Which is rounded, enters a digital-to-ana 
log converter 550. The digital-to-analog converter 550 con 
ver‘ts the gain from digital to analog and presents the gain, 
Which is noW analog, to the preampli?er 504. The preampli 
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?er 504 uses the gain to amplify the signal, Which represents 
sound energy, from the microphone 502. 
[0057] FIG. 7 is a block diagram of a ?lter according to one 
embodiment of the invention. The ?lter 600 acts to ?lter out 
loW frequencies from a digital signal. The digital signal enters 
both a ?rst adder 604 and a ?rst digital delay element 602. The 
?rst digital delay element 602 delays the digital signal to 
produce a delayed digital signal. The adder 604 determines 
the difference betWeen the digital signal and the delayed 
digital signal. This difference enters a multiplier 606. The 
multiplier 606 multiplies the difference by a scale 608 to 
produce a scaled signal. The scale 608 is used to inhibit the 
?lter 600 from over?oW. The scaled signal enters a second 
adder 610. The second adder 610 adds the scaled signal With 
a block signal to produce a ?ltered signal. The block signal 
Will be discussed hereinafter. The ?ltered signal enters a 
second digital delay element 616. The second digital delay 
element 616 delays the ?ltered signal. The ?ltered signal then 
exits the ?lter 600. A portion of the ?ltered signal feeds back 
into a second multiplier 614. The second multiplier 614 mul 
tiplies the ?ltered signal, Which is delayed, by an alpha signal 
to form the blocked signal. The alpha signal determines a 
range of frequencies that Will be blocked by the ?lter 600. 
[0058] FIG. 8 is a block diagram of a ?lter according to one 
embodiment of the invention. A ?lter 700 is an in?nite-im 
pulse response ?lter. The ?lter 700 is con?gured as a tWo 
Zeros tWo-poles ?lter. The ?lter 700 can be used as a Hilbert 
?lter in a detector as part of a digital automatic gain control 
circuit. The digital signal enters a ?rst digital delay element 
702, a second digital delay element 704, and a scale element 
712. Thus, the digital signal is delayed by the ?rst digital 
delay element 702, delayed by the second digital delay ele 
ment 704, and scaled by the scale element 712 to produce a 
scaled signal. 
[0059] The digital signal also enters a ?rst adder 706. The 
?rst adder 706 determines the difference betWeen the digital 
signal and the feedback signal. The difference enters a mul 
tiplier 708. The multiplier 708 multiplies the difference and a 
beta signal 710 to form a modi?ed signal. The beta signal 710 
acts to control the phase of the difference. The beta signal 
contains a number of bits that is used to represent a desired 
number to be input into the multiplier 708. 
[0060] The modi?ed signal enters a third digital delay ele 
ment 716. The third digital delay element 716 delays the 
modi?ed signal to form a ?ltered signal. The ?ltered signal 
exits the ?lter 700 to be used by other circuitry. A portion of 
the ?ltered signal enters a fourth digital delay element 718. 
The fourth digital delay element 718 delays the ?ltered signal 
to form the feedback signal. 
[0061] FIG. 9 is a process diagram of a method according to 
one embodiment of the invention. The process 800 discusses 
the feedback loop that analyZes the digital signal and deter 
mines Whether the level of the digital should be adjusted. The 
process 800 begins at an act 802. The act 802 converts an 
analog signal to a digital signal. The digital signal is presented 
to an act 804. The act 804 blocks loW frequencies from the 
digital signal to produce a ?ltered signal. In one embodiment, 
the loW frequencies, Which are blocked, are less than about 
100 HertZ. 

[0062] The ?ltered signal is presented to an act 806. The act 
806 forms an envelope that lacks the apparent modulation. 
One suitable technique of forming an envelope that lacks the 
apparent modulation includes using Hilbert ?lters. The enve 
lope is presented to an act 810. The act 810 subtracts the 
envelope from a threshold to form a difference. The differ 
ence is presented to acts 812 and 814. 
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[0063] The act 812 determines if the difference is greater 
than Zero. If the difference is greater than Zero, the gain should 
be decreased. In other Words, the envelope of the digital signal 
is greater than the threshold. The digital signal is at a level 
beyond the operating range of a processing system and such 
level should be decreased. If the difference is less than Zero, 
than the gain should be increased. When the envelope of the 
digital signal is less than the threshold, the digital signal 
should be strengthened by increasing the gain for subsequent 
processing. 
[0064] The result ofthe act 812 is presented to an act 818. 
The act 818 uses the result of the act 812 to select the result of 
either act 814 or act 816 to form a gain. Thus, the act 818 
sWitches betWeen the result of the act 814 or the act 816 
depending on the result of the act 812. If the gain needs to be 
decreased, the act 818 selects the result of the act 814. The act 
814 decreases the gain by shifting the bits of the difference to 
the right by an attack constant. If the gain needs to be 
increased, the act 818 selects the result of the act 816. The act 
816 increases the gain by shifting the bits of the feedback 
signal, Which is delayed and negated, to the right by a release 
constant. 

[0065] The gain, Which is formed by the act 818, is pre 
sented to an act 824. The act 824 sums the gain and the 
feedback signal, Which is delayed. The feedback signal, 
Which is delayed, is formed by an act 822. The act 820 negates 
the feedback signal, Which is delayed, and presents the result 
to the act 816 as discussed hereinbefore. 
[0066] The act 826 equates the gain to 0 if the gain is less 
than or equal to Zero. Otherwise, the act 828 equates the gain 
to 1 if the gain is greater than 1. The result of the act 826 and 
the act 828 is presented to an act 830. The act 830 converts the 
digital form of the gain to an analog form, Which is suitable 
for an analog preampli?er. 

CONCLUSION 

[0067] Thus, systems, devices, and methods have been dis 
cussed for inhibiting undesired amplitude modulation Which 
causes distortions in the ampli?ed signal in a sound system. 
The embodiments of the invention inhibit such undesired 
amplitude modulation by reducing apparent sampling rate 
distortion. 
[0068] The digital system as described has a number of 
bene?ts not seen before. One bene?t is an enhanced manu 
facturing process that reduces a need for external compo 
nents, such as capacitors, and the need to couple the external 
components to a circuit through l/O pins. Another bene?t 
includes a reduction in the die area required to implement the 
digital automatic gain control loop. Other bene?ts include an 
enhanced control of the tolerance of the bandWidth of the 
automatic gain control, and the tolerance of the loop time 
constants of the automatic gain control. The system also 
bene?ts from an enhanced poWer ef?ciency and loW operat 
ing voltage performance. Additionally, the system alloWs a 
non-linear signal processing by selectively controlling the 
gain of the preampli?er or providing information to a 
Nyquist-rate digital signal processor to compensate for adap 
tive gain changes in the preampli?er. 
[0069] Although the speci?c embodiments have been illus 
trated and described herein, it Will be appreciated by those of 
ordinary skill in the art that any arrangement Which is calcu 
lated to achieve the same purpose may be substituted for the 
speci?c embodiment shoWn. This application is intended to 
cover any adaptations or variations of the present invention. It 
is to be understoodthat the above description is intended to be 
illustrative and not restrictive. Combinations of the above 
embodiments and other embodiments Will be apparent to 
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those of skill in the art upon revieWing the above description. 
The scope of the invention includes any other applications in 
Which the above structures and fabrication methods are used. 
Accordingly, the scope of the invention should only be deter 
mined With reference to the appended claims, along With the 
full scope of equivalents to Which such claims are entitled. 

1. A digital analog gain control, comprising: 
a detector to detect an envelope of an input signal using 

Hilbert ?lters; 
an adder to provide a difference betWeen the envelope and 

a threshold; and 
an adjuster that adjust a gain if the difference is one of tWo 

conditions, Wherein the tWo conditions includes being 
greater than Zero and being less than Zero. 

2. The digital analog gain control of claim 1, further com 
prising a ?lter that removes loW frequencies, Wherein the ?lter 
receives the input signal, removes frequencies less than about 
100 Hertz from the input signal, and presents the input signal 
to the detector. 

3. The digital analog gain control of claim 2, further com 
prising a digital delay element that receives the input signal 
and presents a delayed input signal. 

4. The digital analog gain control of claim 3, further com 
prising a ?rst Hilbert ?lter and a second Hilbert ?lter, Wherein 
the ?rst Hilbert ?lter receives the delayed input signal and 
?lters the delayed input signal to form the ?rst ?ltered input 
signal, and Wherein the second Hilbert ?lter receives the input 
signal and ?lters the input signal to form the second ?ltered 
input signal. 

5. The digital analog gain control of claim 4, further com 
prising: 

a ?rst multiplier and a second multiplier, Wherein the ?rst 
multiplier receives the ?rst ?ltered input signal and 
squares the ?rst ?ltered input signal to form a ?rst 
squared signal, and Wherein the second multiplier 
receives the second ?ltered input signal and squares the 
second ?ltered input signal to form a second squared 
signal; 

another adder to add the ?rst squared signal and the second 
squared signal to form a sum-of-square signal; and 

a limiter that receives the sum-of-square signal, limits the 
sum-of-square signal to a desired range, and presents a 
limited signal to the adder that provides the difference 
betWeen the envelope and the threshold. 

6-7. (canceled) 
8. The digital analog gain control of claim 1, Wherein: 
the adjuster receives the difference, a release time constant, 

and an attack time constant, Wherein the adjuster adjust 
a gain if the difference is one of tWo conditions, and 
Wherein the adjuster decreases the gain if the difference 
is positive. 

9. The digital analog gain control of claim 8, Wherein: 
the adjuster receives a previous gain, 
Wherein if the difference is negative, the adjuster increases 

the gain by shifting the bits of the previous gain to the 
right by the release time constant to form a neW gain and 
taking the negative of the neW gain, and 

Wherein if the difference is positive, the adjuster decreases 
the gain by shifting the bits of the difference to the right 
by the attack time constant to form the neW gain. 

10. (canceled) 
11. The digital analog gain control of claim 9, further 

comprising: 
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a Width adjuster that adjusts the Word With of the previous 
gain and presents an adjusted previous gain; 

another adder that adds the neW gain and the adjusted 
previous gain to form the gain; 

a limiter to the limit the range of the gain so that the gain is 
positive; 

a buffer that stores the gain and presents the stored gain, 
Wherein the stored gain is de?ned as the previous gain, 
Which is presented to the adjuster and the Width adjuster; 
and 

a rounding circuit that rounds the stored gain to a smaller 
precision value so as to be compatible With the input 
Width of subsequent circuitry that includes a digital-to 
analog converter. 

12-15. (canceled) 
16. The digital analog gain control of claim 1, further 

comprising: 
a ?lter to block loW frequencies from the input signal; 
and 
Wherein the adjuster receives the difference, a release time 

constant, and an attack time constant, Wherein the 
adjuster increases the gain if the difference is negative, 
and Wherein the adjuster decreases the gain if the differ 
ence is positive. 

17. The digital analog gain control of claim 16, Wherein: 
the ?lter includes a ?rst digital delay that receives the input 

signal and presents a delayed input signal; 
the ?lter includes a ?rst adder that determines a difference 

betWeen the input signal and the delayed input signal; 
the ?lter includes a ?rst multiplier that multiplies the dif 

ference and a scale to form a scaled signal, Wherein the 
scaled signal inhibits the ?lter from over?oW. 

18-19. (canceled) 
20. The digital analog gain control of claim 17, Wherein: 
the ?lter includes a second adder that adds the scaled signal 

and a blocked signal to form a ?ltered signal; 
the ?lter includes a second digital delay that receives the 

?ltered signal and presents a ?ltered signal that is 
delayed; and 

the ?lter includes a second multiplier that multiplies the 
?ltered signal that is delayed and an alpha signal to form 
a blocked signal, Wherein the alpha signal determines a 
range of frequencies that Will be blocked by the ?lter. 

21-22. (canceled) 
23. A digital analog gain control, comprising: 
a detector to detect an envelope of the input signal using 

in?nite-impulse-response (HR) ?lters; 
an adder to provide a difference betWeen the envelope and 

a threshold; and 
an adjuster that receives the difference, a release time con 

stant, and an attack time constant, Wherein the adjuster 
adjust a gain if the difference is one of tWo conditions, 
Wherein the tWo conditions includes being a negative 
number and being a positive number, Wherein the 
adjuster increases the gain if the difference is negative, 
and Wherein the adjuster decreases the gain if the differ 
ence is positive. 

24. (canceled) 

Aug. 20, 2009 

25. The digital analog gain control of claim 23, Wherein 
each in?nite-impulse-response ?lter includes a ?rst delay, a 
second delay, and a scale element, Wherein the input signal is 
delayed by the ?rst delay, delayed by the second delay, and 
scaled by the scale element to form a scaled signal. 

26. The digital analog gain control of claim 25, Wherein: 
each in?nite-impulse response ?lter includes a ?rst adder 

that determines a difference betWeen the input signal 
and a feedback signal; 

each in?nite-impulse-response ?lter includes a multiplier 
that multiplies the difference and a beta signal to form a 
modi?ed signal, Wherein the beta signal modi?es the 
phase of the difference; 

each in?nite-impulse-response ?lter includes a third delay 
that delays the modi?ed signal to form a ?ltered signal; 
and 

each in?nite-impulse-response ?lter includes a fourth 
delay that delays the ?ltered signal to form the feedback 
signal. 

27-29. (canceled) 
30. A method for controlling a gain of an ampli?er, com 

prising: 
forrning an envelope of an input signal that lacks modula 

tion using Hilbert ?lters; and 
subtracting the envelope from a threshold to form a differ 

ence, Wherein the difference is used to control the gain. 
31. The method of claim 40, Wherein blocking includes 

blocking loW frequencies that are less than about 100 Hertz. 
32. The method of claim 30, further comprising: 
determining if the difference is greater than Zero; 
shifting the bits of the difference to the right by an attack 

constant to form a decreased gain; and 

shifting the bits of a negated signal to the right by a release 
constant to form an increased gain. 

33-34. (canceled) 
35. The method of claim 32, further comprising sWitching 

for presenting the decreased gain as the gain if the difference 
is greater than Zero, or else the act of sWitching presents the 
increased gain as the gain if the difference is less than Zero. 

36. The method of claim 35, further comprising: 
summing the gain and the feedback signal that is delayed to 

form a modi?ed gain signal; 
presenting a ?nal gain to an analog-to-digital converter, 

Wherein the ?nal gain is Zero if the modi?ed gain signal 
is less than or equal to Zero, and Wherein the ?nal gain is 
one if the modi?ed gain signal is greater than one; 

delaying the ?nal rain to produce the feedback signal that is 
delayed; and 

negating the feedback signal that is delayed to form the 
negated signal. 

37-39. (canceled) 
40. The method of claim 30, further comprising blocking 

loW frequencies from the input signal. 

* * * * * 


