CONFIGURABLE RECURSIVE DIGITAL FILTER FOR
PROCESSING TELEVISION AUDIO SIGNALS

RELATED APPLICATION AND TECHNICAL FIELD

[0001] This application is related to the following U.S. application, of common
assignee, from which priority is claimed, and the contents of which are incorporated herein
_in their entirety by reference: “Digital Architecture for 2 BTSC Encoder/Decoder with
SAP,” U.S. Provisional Patent Application Serial No. 60/602,169, filed August 17, 2004.

10002] This disclosure relates to processing television audio signals and, more
particularly, to a configurable architecture for use with encoding and decoding television

audio signals.

BACKGROUND

[0003] In 1984, the United States, under the auspices of the Federal Communications
Commission, adopted a standard for the transmission and reception of stereo audio for
television. This standard is codified in the FCC’s Bulletin OET-60, and is often called the
BTSC system after the Broadcast Television Systems Committee that proposed it, or the

MTS (Multi-channel Television Sound) system.

[0004] Prior to the BTSC system, broadcast television audio was monophonic,
consisting of a single “channel” or signal of andio content. Stereo audio typically requires
the transmission of two independent audio channels, and receivers capable of detecting
and recovering both channels. In order to meet the FCC’s requirement that the new
transmission standard be ‘compatible’ with existing monophonic television sels (i.e., that
mono receivers be capable of reproducing an appropriate audio signal from the new type
of stereo broadcast), the Broadcast Television Systems Committee adopted an approach
© similar to FM radio systems: stereo Left and Right andio signals are combined to form two

new signals, 2 Sum signal and a Difference signal.

{0005] Monophonic television receivers detect and demodulate only the Sum signal,



consisting of the addition of the Left and Right stereo signals. Stereo-capable receivers
receive both the Sum and the Difference signals, recombining the signals to extract the

original stereo Left and Right signals.

[0006] For transmission, the Sum signal directly modulates the aural FM carrier just as
would a monophonic audio signal. The Difference channel, however, is first modulated
onto an AM subcarrier located 31.768 kHz above the aural carrier’s center frequency. The
nature of FM modulation is such that background noise increases by 3 decibel (dB) per
octave, and as a result, because the new subcarrier is located further from the aural
carrier’s center frequency than the Sum or mono signal, additional noise is introduced into
the Difference channel, and hence into the recovered stereo signal. In many circumstances,
in fact, this rising noise characteristic renders the stereo signal too noisy to meet the
requirements imposed by the FCC, and so the BTSC system mandates a noise reduction

system in the Difference channel signal path.

[0007] This system, sometimes referred to as dbx noise rcdﬁction (after the company
that developed the technique) is of the companding type, comprising an encoder and
decoder. The encoder adaptively filters the Difference signal prior to fransmission such
that amplitude and frequency content, upon decoding, hide (“mask™) noise picked up
during the transmission process. The decoder completes the process by restoring the
Difference signal to original form and thereby ensuring that noise is audibly masked by the

signal content.

{0008] The dbx noise reduction system is also used to encode and decode Secondary
Audio Programming (SAP) signals, which is defined in the BTSC standard as an
additional information channel and is often used to e.g., carry programming in an

alternative language, reading services for the blind, or other services.

[0009] Cost is, of course, of prime concem to television manufacturers. As a result of
intense competition and consumer expectations, profit margins on consumer electronics

products, especially television products, can be vanishingly small. Because the dbx



decoder is located in the television receiver, manufacturers are sensitive to the cost of the
decoder, and reducing the cost of the decoder is a necessary and worthwhile goal. While
the encoder is not located in a television receiver and is not as sensitive from a profit
standpoint, any development which will decrease manufacturing costs of the encoder also

provides a benefit.

SUMMARY OF THE DISCLOSURE

[0010] In accordance with an aspect of the disclosure, a television audio signal
encoder includes a device that sums a left channel audio signal and a right channel andio
signal to produce a sum signal. The matrix also subtracts one of the left and right audio
signals from the other to produce a difference signal. The encoder also includes a
configurable infinite impulse response digital filter that selectively uses one or more sets
of filter coefficients to filter the difference signal. The set of filter coefficients is applied to
the difference signal by a single multiplier in a recursive manner to prepare the difference

signal for fransmission.

[0011} In one embodiment, the configurable infinite impulse response digital filter
may include a feedback path to apply the set of filter coefficients to the difference signal in
arecursive manner. This feedback path may include a shift register to delay digital signals
associated with the difference signal. The configurable infinite impulse response digital
filter may multiple a signal associated with the difference signal and provide an output of
this multiplication. The configurable infinite impulse response digital filter may include a
selector that selects a digital input signal or selects one of the filter coefficients. In some
arrangements the selector may include a multiplexer. The infinite impulse response digital
filter may be configured to provide various filtering functions such as a low pass filter.
The configurable infinite impulse response digital filter may also include a single adder for
applying the filter coefficients to the difference signal in a recursive manner. The
television audio signal may comply to the Broadcast Television System Committee (BTS C)
standard, the Near Instantaneously Companded Audio Muliplex (NICAM) standard, the

A2/Zweiton standard, the EIA - J standard, or other similar audio standard. The



configurable infinite impulse response digital filter may be implemented in an integrated

circuit.

{0012] In accordance with another aspect of the disclosure, a television audio signai
decoder includes a configurable infinite impulse response digital filter that selectively uses
one or more sets of filter coefficients to filter a difference signal. The difference signal is
produced by subtracting one of a left channel and a right channel audio signal from the
other audio signal. The set of filter coefficients is applied to the difference signal by a
single multiplier in a recursive manner to prepare the difference signal for separating the
left channel and right channel audio signals. The decoder also includes a device that
separates the left channel and right channel audio signals from the difference signal and a
sum signal. The sum signal includes the sum the left channel audio signal and the right

channel audio signal.

[0013] In one embodiment, the configurable infinite impulse response digital filter
may include a feedback path to apply the set of filter coefficients to the difference signal in
arecursive manner. This feedback path may include a shift register to delay digital signals
associated with the difference signal. The configurable infinite impulse response digital
ﬁlte;" may multiple a signal associated with the difference signal and provide an output of
this muitiplication. The configurable infinite impulse response digital filter may include 2
selector that selects a digital input signal or selects one of the filter coefficients. In some
arrangements the selector may include a multiplexer. The infinite impulse response digital
filter may be configured to provide various filtering functions such as a low pass filter.
The configurable infinite impulse response digital filter may also include 2 single adder for
applying the filter coefficients to the difference signal in a recursive manner. The
television audio signal may comply to the Broadcast Television System Committee (BTSC)
standard, the Near Instantaneously 'Companded Audio Muliplex (NICAM) standard, the
A2/Zweiton standard, the EIA — J standard, or other similar audio standard. The

configurable infinite impulse response digital filter may be implemented in an integrated

circuit.



[0014] Additional advantages and aspects of the present disclosure will become
readily apparent to those skilled in the art from the following detailed description, wherein
embodiments of the present invention are shown and described, simply by way of
illustration of the best mode contemplated for practicing the present invention. As will be
described, the present disclosure is capable of other and different embodiments, and its
several details are susceptible of modification in various obvious respects, all without
departing from the spirit of the present disclosure. Accordingly, the drawings and

description are to be regarded as illustrative in nature, and not as limitative.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram representing a television signal transmission system that
is configured to comply with the BTSC television audio signal standard. il

FIG. 2 is a block diagram representing a portion of a BTSC encoder included in the
television signal transmission system shown in FIG. 1.

FIG. 3 is a block diagram representing a television receiver system that is
configured to receive and decode BTSC television audio signals sent by the television
signal transmission system shown in FIG. 1.

FIG. 4 is a block diagram representing a portion of a BTSC decoder included in the
television receiver system shown in FIG. 3.

FIG. § is a diagrammatic view of a configurable infinite impulse response filter for
performing operations of the encoder and decoder shown in FIG. 2 and FIG. 4.

FIG. 6 is a graphical representation of a transfer function of a second-order infinite
impulse response filter that may be implemented by the infinite impulse response filter
shown in FIG. 5.

FIG. 7 is a block diagram of a portion of 2 BTSC encoder that highlights operations
that may be performed by the configurable infinite impulse response filter shown in FIG.
5.



FIG. 8 is a block diagram of a portion of a BTSC decoder that highlights operations
that may be performed-by the configurable infinite impulse response filter shown in FIG.

3

DETAILED DESCRIPTION OF THE EMBODIMENTS

[0015] Referring to FIG 1, a functional block diagram of a BTSC compatible
television signal transmitter 10 includes five lines (e.g., conductive wires, cables, etc.) that
provide signals for transmission. In particular, left and right audio channels are provided
on respective lines 12 and 14. An SAP signal is provided by line 16 in which the signal has
content to provide additional channel information (e.g., alternative langnages, etc.). A
fourth line 18 provides a professional channel that is typically used by broadcast television
and cable television companies. Video signals are provided by aline 20 to a transmitter 22.
The left, right, and SAP channels are provided to a BTSC encoder 24 that prepares the-
audio signals for transmission. Specifically, the left and right audio channels are provided
to a matrix 26 that calculates a sum signal (e.g., L + R) and a difference signal (e.g., L~ R)
from the audio signals. Typically operations of matrix 26 are performed by utilizing a
digital signal processor (DSP) or similar hardware or software — based techniques known
to one skilled in the art of television audio and video signal processing. Once produced,
sum and difference signals (i.e, L + R and L — R) are encoded for transmission. In
particular, the sum signal (i.e., L + R) is provided to a pre-emphasis unit 28 that alters the
magnitude of select frequency components of the sum signal with respect to other
frequency components. The alteration may be in a negative sense in which the magnitude
of the select frequency components are suppressed, or the alteration may be in a positive

sense in which the magnitude of the select frequency components are enhanced.

[0016] The difference signal (i.e., L — R) is provided to a BTSC compressor 30 that
adaptively filters the signal prior to transmission such that when decoded, the signal
amplitude and frequency content suppress noise imposed during transmission. Similar to

the difference signal, the SAP signal is provided to a BTSC compressor 32. An audio



modulator stage 34 receives the processed sum signal, difference signal, and SAP signal.
Additionally, signals from the professional channel are provided to audio modulator stage
34. The four signals are modulated by audio modulator stage 34 and provided to
transmitter 22. Along with the video signals provided by the video channel, the four audio
signals are conditioned for transmission and provided to an antenna 36 (or an antenna
system). Various signal transmitting techniques known to one skilled in the art of
television systems and telecommunications may be implemented by transmitter 22 and
antenna 36. For example, transmitter 22 may be incorporated into a cable television

systemn, a broadcast television system, or other similar television system.

[0017] Referring to FIG. 2, a block diagram representing operations performed by a
portion of BTSC compressor 30 is shown. In general, the difference channel (i.e., L—-R)
processing performed by BTSC compressor 30 is considerably more complex than the
sum channel (i.e., L + R) processing by p_rt.:-_qmpbasis unit 28. The additionai processing
provided by the difference channel processmg ﬁ'i”SC compressor 30, in combination with
complementary processing provided by a decoder (not shown) receiving a BTSC signal,
maintains the signal-to-noise ratio of the difference channel at acceptable levels even in
the presence of the higher noise floor associated with the transmission and reception of the
difference channel. BTSC compressor 30 essentially generates the encoded difference
signal by dynamically compressing, or reducing the dynamic range of the difference signal
so that the encoded signal may be transmitted through a limited dynamic range
transmission path, and so that a decoder receiving the encoded signal may recover
substantially all the dynamic range in the original difference signal by expanding the
compressed difference signal in a complementary fashion. In some arrangements, BTSC
compressor 30 implements a particular form of an adaptive signal weighing system
described in U.S. Patent No. 4,539,526, incorporated by reference herein, and which is
known to be advantageous for fransmitting a signal having a relatively large dynamic
range through a transmission path having a relatively narrow, frequency dependent,

dynamic range.



[0018] The BTSC standard rigorously defines the desired operation of BTSC encoder
24 and BTSC compressors 30 and 32. Specifically, the BTSC standard provides transfer
functions and/or guidelines for the operation of each component included e.g., in BTSC
compressor 30 and the transfer functions are described in terms of mathematical
representations of idealized analog filters. Upon receiving the difference signal (i.e., L-R)
from matrix 26, the signal may be provided to an interpolation and fixed pre-emphasis
stage 38. In some digital BTSC encoders, the interpolation is set for twice the sample rate
and the interpolation may be accomplished by linear interpolation, parabolic interpolation,
or a filter {e.g., a finite impulse response (FIR) filter, an infinite impiﬂse response (IIR)
filter, etc.) of n-th order. The interpolation and fixed pre-emphasis stage 38 also provides
pre-emphasis. After interpolation and pre-emphasis, the difference signal is provided to a
divider 40 that divides the difference signal by a quantity determined from the difference

signal and described in detail below.

[0019] The output of divider ‘40 is: provided to a spectral compression unit 42 that
performs emphasis filtering of the difference signal. In general, spectral compression unit
42 "compresses”, or reduces the dynamic range, of the difference signal by amplifying
signals having relatively low amplitudes and attenuating signals having relatively large
amplitudes. In some arrangements spectral compression unit 42 produces an intemal
control signal from the difference signal that controls the pre-emphasis/de-emphasis that is
applied. Typically, spectral compression unit 42 dynamically compresses high frequency
portions of the difference signal by an amount determined by the energy level in the high
frequency portions of the encoded difference signal. Spectral compression unit 42 thus
provides additional signal compression toward the higher frequency portions of the
difference signal. This is done because the difference signal tends to be noisier in the
higher frequency portion of the spectrum. When the encoded difference signal is decoded
with a spectral expander in a decoder, respectively in a complementary manner to the
spectral compression unit of the encoder, the signal — to — noise ratio of the L. — R signal is

substantially preserved.



[0020] Once processed by spectral compression unit 42, the difference signal is
provided to an over-modulation protection unit 44 and band-limiting unit 46. Similar to
the other components, the BTSC standard provides suggested guidelines for the operation
of over-modulation protection unit 44 and band-limiting unit 46. Generally, band-limiting
unit 46 and a portion of over-modulation protection unit 44 may be implemented as low
pass filters. Over-modulation protection unit 44 also performs as a threshold device that
limits the amplitude of the encoded difference signal to full modulation, where full
modulation is the maximum permissible deviation level for modulating an audio

subcarrier in a television signal.

[0021] Two feedback paths 48 and 50 are included in BTSC compressor 30. Feedback
path 50 includes a spectral control bandpass filter 52 that typically has a relatively narrow
pass band that is weighted towards higher audio frequencies to provide a control signal for

spectral compression unit42. To condition the control signal produced by spectra] control

bandpass filter 52, feedback path 50 also includes 2 multiplier 54 (configured to square the. .

signal provided by spectral control bandpass filter 52), an integrator 56, and a square root
device that provides the control signal to spectral compression unit 42. Feedback path 48
also includes a bandpass filter (i.e., gain control bandpass filter 60) that filters the output
signal from band-limiting unit 46 to set the gain applied to the output signal of
interpolation and fixed pre-emphasis stage 38 via divider 40. Similar to feedback path 50,
feedback path 48 also includes a muitiplier 62, an integrator 64, and a square root device

66 to condition the signal that is provided to divider 40.

[0022] Referring to FIG. 3, a block diagram is shown that represents a television
receiver system 68 that includes an antenna 70 (or a system of antennas) to receive BTSC
compatible broadcast signals from television transmission system 10 (shown in FIG 1).
The signals received by antenna 70 are provided to a receiver 72 that is capable of
detecting and isolating the television tmsmission signals. However, in some
arrangements receiver 72 may receive the BTSC compatible signals from another

television signal transmission technique known to one skilled in the art of television signal

f
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broadcasting. For example, the television signals may be provided to receiver 72 over a

cable television system or a satellite television network.

{0023] Upon receiving the television signals, receiver 72 conditions (e.g., amplifies,
filters, frequency scales, etc.) the signals and separates the video signals and the audio
signals out of the transmission signals. The video content is provided fo a video
processing system 74 that prepares the video content contained in the video signals for
presentation on a screen (e.g., a cathode ray tube, etc.) associated with the television
receiver system 68. Signals containing the separate audio content are provided to a
demodulator stage 76 that c.g., removes the modulation applied to the audio signals at
television transmission system 10. The demodulated audio signals {e.g., the SAP channel,
the professional channel, the sum signal, the difference signal) are provided to a BTSC
decoder 78 that appropriately decodes each signal. The SAP channel is provided a SAP
channel decoder 80 and the professional channel is provided to a professional channel
- decoder ‘82.  Afier separating the SAP channel and the professional, channel, a
demodulated sum signal (i.e., L + R signal) is provided to a de-emphasis unit 84 that
processes the sum signal in a substantially complementary fashion in comparison to
pre-emphasis unit 28 (shown in FIG 1). Upon de-emphasizing the spectral content of the
sum signal, the signal is provided to a matrix 88 for separating the left and right channel

audio signals.

{0024] The difference signal (i.e., L — R) is also demodulated by demodulation stage
76 and is provided to a BTSC expander 86 included in BYSC decoder 78. BTSC expander
86 complies with the BTSC standard, and as described in detail below, conditions the
difference signal. Matrix 88 receives the difference signal from BTSC expander 86 and
with the sum signal, separates the right and left audio channels into independent signals
(identified in FIG 3 as “L” and “R”). By separating the signals, the individual right and
left channel audio signals may be conditioned and provided to separate speakers. In this
example, boti; the left and right audio channels are provided o an amplifier stage 90 that

applies the same (or different) gains to each channel prior to providing the respective
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signals to a speaker 92 for broadcasting the left channel audio content and another speaker

94 for broadcasting the right channel audio content.

[0025] Referring to FIG 4, a block diagram identifies some of the operations
performed by-BTSC expander 86 to condition the difference signal. In general, BTSC
expander 86 performs operations that are complementary to the operations performed by
BTSC compressor 32 (shown in FIG. 2). In particular, the compressed difference signal is
provided to a signal path 96 for un-compressing the signal, and to two paths 98 and 100
that produce a respective control and gain signal to assist the processing of the difference
signal. To initiate the processing, the compressed difference signal is provided to a
band-limiting unit 102 that filters the compressed difference signal. The band-fimiting
unit 102 provides a signal to path 98 to produce a control signal and to path 100 to produce
a gain signal. Path 100 includes a gain control bandpass filter 104, a multiplier 106 (that
squares the output of the gain control bandpass filter), an integrator 108, and a square root
* device 110. Signal path 98 also teceives the signal from band-limiting unit 102 and
processes the signal with a spectral control bandpass filter 112, a squaring device 114, an
integrator 116, and a square root device 118. Path 98 then provides a confrol signal to a
spectral expansion unit 120 that performs an operation that is complementary to the
operation performed by spectral compression unit 42 shown in FIG 2. The gain signal
produced by path 100 is provided to a multiplier 122 that receives an output signal from
spectral expansion unit 120, Multiplier 122 provides the spectrally expanded difference
sighal to a fixed de-emphasis unit 124 that filters the signal in a complementary manner in
comparison to filtering performed by BTSC compressor 30. In general, the term
"de-emphasis" means the alteration of the select frequency components of the decoded
signal in either a negative or positive sense in a complementary manner in which the

original signal is encoded.

[0026] Both BTSC encoder 24 and BTSC decoder 78 include multiple filters that
adjust the amplitude of audio signals as a function of frequency. In some prior art

television transmission systems and reception systems, each of the filters are implemented
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with discrete analog components. However, with advancements in digital signal
processing, some BTSC encoders and BTSC decoders may be implemented in the digital
domain with one or more integrated circuits (ICs). Furthermore, multiple digital BTSC
encoders and/or decoders may implemented on a single IC. For example, encoders and

decoders may be incorporated into a single IC as a portion of a very large scale integration

(VLSI) system.

[0027] A significant portion of the cost of an IC is directly proportional to the physical
size of the chip, particularly the size of its ‘die’, or the active, non-packaging part of the
chip. In some arrangements filtering operations performed in digital BTSC encoders and
decoders may be executed using general purpose digital signal processors that are
designed to execute a range of DSP functions and operations. These DSP engines tend to
have relatively large die areas, and are thereby costly to use for implementing BTSC
encoders and decoders. Additionally the DSP may be dedicated to executing other
functions and operations. By sharing this resource, the processing performed by the DSP
may overload and interfere with the processing of the BTSC encoder and decoder

functions and operations.

{0028] In some arrangements, BTSC encoders and decoders may incorporate groups
of basic components to reduce cost. For example, groups of multipliers, adders, and
multiplexers may be incorporated to produce the BTSC encoder and decoder functions.
However, while the groups of nearly identical components may be easily fabricated, the
components represent significant die area and add to the total cost of the IC. Thus, a need
exists to reduce the number of duplicated circuits components used to implement a digital

BTSC encoder and/or decoder.

[0029] Referring to FIG S, a block diagram of a configurable infinite impulse
response (IIR) filter 126 is shown that is capable of performing multiple types of
operations for a digital BTSC encoder and/or decoder. In particular, configurable fIR filter
126 includes a digital architecture that is capable of performing various filtering,

multiplication, and delay operations. Regarding filtering operations, by providing
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selectable filtering coefficients, configurable IR filter 126 may be configured for various
types of filters and different filtering operations. For example, fillering coefficients may
be selected to provide a low pass filter, a high pass filter, a band pass filter, or other type of
filters known to one skilled in the art of filter design. Thus, one or a relatively small
number of implementations of configurable IR filter 126 may be used to provide most or
all of the filtering needs of a BTSC encoder or 2 BTSC decoder. By reducing the number
of decoder and encoder filters, the implementation area of an IC chip is reduced along with
the production cost of the BTSC encoders and decoders. Other embodiments of
configurable IR filter 126 are described in “Configurable Filter for Processing Television
Audio Signals,” U.S. Patent Application Serial No. 11/089,385, filed March 24, 2005,

which is incorporated by reference herein.

[0030] Along with using components for selecting filter coefficients, by using a
recursive digital architecture, the number of components may be further reduced. In this
exemplary design, configurable IIR filter 126 includes a feedback path 128 that passes
digital signals from the output portion of the architecture to components for further
processing. By passing processed digital signals through feedback path 128, various types
of recursive processing may be provided by configurable IIR filter 126, For example,
higher order filters (e.g., second-order or higher) may be realized by passing signals
through feedback path 128.

[0031] In this implementation, various digital mput signals are provided on inputs of a
multiplexer 130 that functions as a selector. For example, signals may be input from
various portions of a compressor such as BTSC compressor 30 (shown in FIG 2).
Interpolation and fixed pre-emphasis stage 38, gain control bandpass filter 60, and spectral
control bandpass filter 52 may provide digital signals to multiplexer 130. Dependent upon
appropriate scheduling, multiplexer 130 selects one input for processing an appropriate
input signal. The selected signal is provided to an input register 132 and then to a
multiplexer 134 at an appropriate time. Multiplexer 134 provides a single adder 136 with

data from either input register 132 (e.g., new input data) or previously computed product



i4

data from a single multiplier 138 (via a product register 140). Adder 136 also receives
input data from a multiplexer 142 that is either previously accumulated data from a sum
register 144 (that is preferably connected the output of adder 136) or product data from

multiplier 138 (preferably provided through product register 140 and a register 146).

{0032] To provide the digital input signals for processing and recursive processing for
previously processed signals, feedback path 128 provides the output of adder 136 to
multiplier 138. In particular, the output of adder 136 is provided a multiplexer 148 that
provides an output signal to a shift register 150. Either the output signal of adder 136 ora
delayed version of a signal (output from shift register 150) is provided to the input of shift
register 150. By including shift mﬁﬁer 150 in feedback path 128, a time delay may be
applied to a digital signal prior to processing by multiplier 138. For filtering applications,
time delays introduced by shift register 150 may be used for implementing higher order

filters (e.g., a second-order filter).

[0033] The output of shift regist.er 150 is provided (as mentioned above) fo the input of
multiplexer 148. Feedback path 128 provides data to multiplier 138 through a multiplexer
152. In particular, digital signals may be feedback directly over conductor 154 from the
output of adder 136. Signals may also be feedback as provided by the output of shift
register 150 or a delayed version of the output of shift register 150 (via a register 156).
Extemal multiplicands may also be provided to the inputs of multiplexer 158. Asshownin
the figure, external data may be provided to one or more input lines 158 of multiplexer 152.
A register 160 is provided an output signal from multiplexer 152 in preparation for

multiplication by multiplier 138.

[0034] Data such as filter coefficients (with fixed or variable values) may be provided
to configurable IR filter 126 by a multiplexer 162. In particular, data representing filter
coefficients may be provided to multiplexer 162 from input lines 164. External
multiplicands may also be provided by input lines 164. Along with being supplied
externally, coefficient or multiplicands may be provided to multiplexer 162 by a register

166. Similar to muitiplexer 152, multiplexer 162 provides data to a register 168 in
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preparation for providing the data to multiplier 138.

[0035] Since feedback path 128 is included in configurable IR filter 126, a single
multiplier (i.e., multiplier 138) may be incorporated to provide the multiplication function
within for implementing the filter. By implementing this single multiplier scheme,
integrated circuit real estate may be conserved and used to provide other functionality. For
example, a series of output registers may be implemented to directly provide the output of
product register 140 to external devices and components. Additionally, due to feedback
pafh 128, a single adder (i.e., adder 136) provides the addition functionality to implement
various types of [IR filters. Again, by using a single component, in this case adder 136,
additional chip real estate is conserved for other components. For example, a series of
output registers 172 may be implemented for directing the output of adder 136 (via sum
register 144} to external components or modules that are located on the same integrated

circuit or on an external device.

[0036] In addition to providing a multiplication function (with outputs provided by
output registers 170) and filtering functions (with outputs provided by output registers
172), configurable IIR filter 126 may also provide a time delay function. For example, the
output of shift register 150 and/or the output of register 156 may be used to provide

time-delayed version of one or more digital signals provided to the registers.

f0037] To allow configurable IIR filter 126 to perform multiple types of filtering
operations, the multiplexer 130 controls which input provides an input signal. Referring
briefly to FIG 2, some of the inputs to multiplexer 130 may be connected to provide input
signals for each of the filtering operations performed within BTSC compressor 30. For
example, the input to gain control bandpass filter 60 may be connected an input of
multiplexer 130. Similarly, the input to spectral control bandpass filter 52 may be
connected to another input of multiplexer 130. Then, multiplexer 130 may control which
particular filtering operation is performed by configurable IIR filter 126. For example,
during one time period, the appropriate input may be selected and configurable IIR filter

126 may be configured to provide the filtering function of gain control bandpass filter 60.
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Then, at another time period, multiplexer 130 may be used to select another input to
perform a different filtering operation. Along with selecting the other input, configurable
IR filter 126 may be correspondingly configured to provide a different type of filtering

function, such as the filtering provided by spectral control bandpass filter 52.

[0038} In order to perform multiple filtering operations e.g., for a BTSC compressor or
aBTSC expander, configurable IIR filter 126 operates at a clock speed substantially faster
than the other portions of the digital compressor or expander. By operating at a faster
clock speed, configurable IIR filter 126 may perform one type of filtering without causing
other operations of the digital compressor or expander to be delayed. For example, by
operating configurable IR filter 126 at a substantially fast clock speed, the architecture
may first be configured to perform filtering for gain control bandpass filter 60 without
substantially delaying the execution of the next filter configuration (e.g., filter operations

for spectral control bandpass filter 52).

[0039] In one arrangement, configurable TIR filter 126 may be implemented as a
second-order IIR filter. Referring to FIG 6, a z-domain signal flow diagram 174 is
presented for a typical second-order IIR filter. An input node 176 receives an input signal
identified as X(z). The input signal is provided to an adder 178 that adds the signal to a
processed signal that is described below. The output of adder 178 is provided to a gain
stage 180 that applies a filter coefficient ap to the input signal. In some applications the
filter coefficient ap has a'unity vaiue. Similarly, a filter coefficient by is applied to the input
signal at gain stage 182. At a delay stage 184, a time delay (i.e., represented in the
z-domain as 2™} is applied as the input signal enters the first-order portion of the filter and
filter coefficients a, and b, are applied at respective gain stages 186 and 188. A second
delay (i.e., z") is applied at delay stage 190 for producing the second-order portion of filter
174 and filter coefficients a; and b; are applied at respective gain stages 192 and 194.
Respective adders 196, 198, and 200 add signals from the gain stages and the filtered
signal is provided to an output node 202 such that output signal Y(z) may be determined

from the transfer function H(z) of the second-order filter 174, as described in the following
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Equation (1) :

by + b,z + b,z?

H(z) =
a,+az'+a,z?

[0040] Each of the coefficients (i.e., by, ag, by, a), by, and a;) included in the transfer
function may be assigned particular values to produce a desired type of filter. For example,
particular values may be assigned to the coefficients to produce a low-pass filter, a
high-pass filter, or a band-pass filter, etc. Thus, by providing the appropriate values for
each coefficient, the type and characteristics {e.g., pass band, roll-off, etc) of the
second-order filter may be configured and re-configured into another type of filter
(dependent upon the application) with a different set of coefficients. While this example
describes a second-order filter, in other arrangements an n"-order filter may be
implemented. For example, higher order (e.g. third-order, fourth-order, etc.) filters or
lower order (e.g., first-order filters) may be implemented. Furthermore, for some
applications, the recursive digital architecture of configurable IR filter 126 may be

cascaded to produce n-order filters.

[0041] Referring back to FIG 5, along with using multiplexer 130 to select a particular
input for configurable IIR filter 126, the coefficients used by the filter are selected to
implement different types of filters and to provide particular filter characteristics. For
example, coefficients may be selected to implement a low-pass filter, a high-pass filter, a
band-pass filter, or other similar type of filter used to encode or decode BTSC audio
signals. Due to the recursive processing provided by feedback path 128, different
coeflicients or sets of coefficients may be selected by multiplexer 152 and/or multiplexer
162. By selecting different coefficients for different recursive iterations, various filters
may be implemented. For example, multiplexer 162 may be controlled to select a filter
coefficient (e.g., ap, by, a1, by, etc.) associated with a second-order filter. Then, for the next
iteration, multiplexer 162 may select another filter coefficient. By providing these
selectable coefficients values, configurable IR filter 126 may be configured to provide

filters for both encoding and decoding operations. Upon completing the filtering for one
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application (e.g., gain control bandpass filter 60) for in a recursive manner, multiplexer
130 may then be placed in a position to provide input signals for another application (e.g.,
spectral control bandpass filter 52). By selecting this input, new filter coefficients may be
selected by multiplexer 162 and/or multiplexer 152 to provide the particular filter type and

filter characteristics needed to perform the filtering for this next application.

[0042} In this example illustrated in FIG. 6, configurable IR filter 126 is configured
for a second-order filter, however, some encoding and/or decoding filtering applications
may call for a higher order filter. To provide higher order filters, additional recursive
iterations may be performed through feedback path 128. By using the feedback path,
signals may pass through the IIR filter multiple times using the same (or different) filter
coefficients. Thus, filtering operations may be performed with a single multiplier (i.e.,
multiplier 138) and a single adder (i.e., adder 136) for various types of filters and various
order filter implementations. To illustrate the iterations that are performed by configurable
IR filter 126, numerical indicators (i.e., 1, 2, 3, 4, 5) are shown to represent the individual
clock cycles in which each function is executed. In this illustration, these functions
execute in a sequence of: 1, 2, 3,4, 5. Thus, five clock cycles are needed to compute an
output for the second order filter. Additionally, this sequencé of executed functions may

be repeated in a periodic mamner (e.g., 1,2,3,4,5,1,2, 3,4, 5, etc.).

[0043] Various techniques and comp-onents known to one skilled in the art of
electronics and filter design may be used to implement the multiplexers (e.g., multiplexer
130, 152, 162, etc.). For example, multiplexer 130 may be implemented by one or more
multiplexers to select among the inputs. Besides multiplexers, or other types digital
selection devices may be implemented to select appropriate filter coefficients. Various
coefficient values may be used to configure IR filter such as IIR filter 174, For example,
coefficients described in U.S. Patent 5,796,842 to Hanna, which is herein incorporated by
reference, may be used by configurable IIR filter 126. In some arrangements, the filter
coefficients are stored in a memory (not shown) associated with the BTSC encoder or

decoder and are retrieved by the appropriate multiplexers at appropriate times. For
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example, the coefficients may be stored in a memory chip (e.g., random access memory
(RAM), read — only memory (ROM), etc.) or another type of storage device (e.g., a
hard-drive, CD-ROM, efc.) associated with the BTSC encoder or decoder. The
coefficients may also be stored in various software structures such as a look-up table, or

other similar structure,

[0044] Configurable IR filter 126 also includes a single adder 136 along with the
single multiplier 138. Various techniques and/or components known to one skilled in the
art of electronic circuit design and digital design may be used to implement adder 136 and
the multiplier 138 included in configurable TIR filter 126. For example, logic gates such as
one or more “AND” gates may be implemented as each of the multipliers. To introduce
time delays, various techniques and/or components known to one skilled in the art of
electronic circuit design and digital design may be implemented to produce shift register
150 (shown in FIG. 5) and provide delays by storing and holding the digitized input signal

values for an appropriate number of clock cycles.

[0045] In this example, configurable IIR filter 126 is implemented with hardware
components, however, in some arrangements one or more operational portions of the
architecture may be implemented in sofiware. One exemplary listing of code that
performs the operations of configurable IIR filter 126 is presented in appendix A. The
exemplary code is provided in Verilog, which, in general, is a hardware description
language that is used by electronic designers to describe and design chips and systems
prior to fabrication. This code may be stored on and retrieved from a storage device (e.g.,
RAM, ROM, hard-drive, CD-ROM, etc.) and executed on one or more general purpose

processors and/or specialized processors such as a dedicated DSP.

[0046] Referring to FIG. 7, a block diagram of BTSC compressor 30 is provided in
which portions of the diagram are highlighted to illustrate functions that may be performed
by a single (or multiple) implementations of configurable IR filter 126. In particular,
filtering performed by interpolation and fixed pre-emphasis stage 38 may be performed by

configurable IIR filter 126. For example, an input of multiplexer 130 may be connected to
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the appropriate filter input within interpolation and fixed pre-emphasis stage 38.
Correspondingly, when this input of multiplexer 130 is selected, filter coefficients may be
refrieved from memory and used to produce to an appropriate filter type and filter
characteristics. Simi {a:ly, gain control bandpass filter 60 may be assigned to another input
of multiplexer 130 in digital configurable IIR filter 126 and spectral control bandpass filter
52 may be assigned to still another input of multiplexer 130. Band-limiting unit 46 mz; ue
assigned to another input of multiplexer 130. For each of these selectable inputs,
corresponding filter coefficients are stored (¢.g., in memory) and may be retrieved by
multiplexer 152 and/or multiplexer 162 of configurable IR filter 126. In this example,
filtering associated with four portions of BTSC compressor 30 is selectively performed by
configurable IR filter 126, however, in other arrangements, more or less filtering
operations 6f the compressor may dje performed by the configurable TIR filter
Additionally, configurable IIR filter 126 also provides a multiplication function via
multiplier 138 and output registers 170 (shown in FIG 5). Thereby, the operations of
multipliers 54 and 62 may each be provided configurable IIR filter 126.

[0047) Referring to FIG 8, portions of BTSC expander 86 are highlighted to identify
filtering operations that may be performed by one or more configurable IIR filters that may
be implemented with configurable IIR filter 126. For example, filtering associated with
band-limiting unit 102 may be performed by configurable IR filter 126. In particular, an
input of multiplexer 130 may be assigned to band-limiting unit 102 such that when the
input is selected, appropriate filtering coefficients are retrieved and used by configurabie
IIR filter 126. Similarly, filtering associated with gain control bandpass filter 104
(assigned to another input of multiplexer 130), spectral control bandpass filter 112
(assigned to another input of multiplexer 130), and fixed de-emphasis unit 124 (assigned
to a still another input of selector 130) is consolidated into configurable IIR filter 126.
Additionally, due to its multiplication function, configurable IR filter 126 may provide

the multiplication function for one or more of multipliers 106, 114, and 122.

[0048] While the previous example described using configurable IR filter 126 with
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BTSC encoders and BTSC decoders, encoders and decoders that comply with television
audio standards may implem\ent the configurable IIR filter. For example, encoders and/or
decoders associated with the Near Instantaneously Companded Audio Multiplex
(NICAM), which is used in Europe, may incorporate one or more configurable IIR filters
such as IR filter 126. Similarly, encoders and decoders implementing the A2/Zweiton
television audio standard (currently used in parts of Europe and Asia) or the Electronics
Industry Association of Japan (EIA - J) standard may incorporate one or more

configurable ITR filters.

[0049) While the previous example described using configurable IIR filter 126 to
encode and decoder a difference signal produced from right and left audio channel, the
configurable IIR filter may be used to encode and decode other audio signals. For example,
configurable IIR filter 126 may be used to encode and/or decode an SAP channel, a
professional channel, a sum channel, or one or more other individual or combined types of

television audio channels.

[0050] A number of implementations have been described. Nevertheless, it will be
understood that various medifications may be made. Accordingly, other implementations

are within the scope of the following claims.
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Appendix A

f“.t."t.t‘.i‘t..“.‘t‘t-‘tti‘.i‘...t‘#.....-t‘t-.t.‘t‘

This module 15 the cascaded direct-form (I implementation of
one ar more discrete-time filters. It is actually a single

sccond-order section that can be ‘recycled’.

weed L l#'-‘"..ltt#tl"‘ﬁ‘l‘lt'.’

# Generated by Paralie]SOSFilterGeneratornm on 03-hn-2004 08:59:2%
#

/1 Delay Register Width = 35

# Filter Cocfficients are in Q15

if wevese * Filter | Sum Interpolation & Precmphasis *4sessessessorsrstonsrronns
I This filter 15 in Q15 format. (Q15 15 required.)

/ The '’ coeflicients in the last stage are in QI8 format.

I!

L LT (192 kHz Sample Rate) - ~--evccecunan

1/ Max Delay Register Value= 127936 -——-—-> 99.576% hcadroom
i Max Qutput Vahie =23.78] ———--> 99.964% headreom

i

"

I b0 bi b2 a0 at az

i

# -6.60337122-012 32117006e-002 1.3600689¢+000 1.0000000e+000 -1.5758348¢+000 6.278%060e-001
# 203058362002 9.3963698e-002 6 5186177¢-002 1.0000000c+000 -1.5671917e+000 6.7399133e-001
# 1.1605752¢-001 2.4121539e-002 3.7646657¢-004 1.0000000=+000 -1 57595584000 7.6826398e-001
# 4.8703374¢-001 4.5435961e-001 0.0000000+000 1.0000000c+000 ~1.6429813e+000 9.1158385e-001
i

/f Magnitudes are relative to the systemn input, not necessarily the filter input.

/f Section Del. max QOutrmax
Y/ R e
M 0.9273109932813 13 4026919779221

"2 127.9360639360639 22. 7268252592786
i3 127.9360639360638 17.949693461 7571
/14 127.9360639360638 23.7933114009230 .
"

{f $osemasscnnensssnncarisnsess Filter 7 Sum Lowpass - L 1] LY

# This filter is in Q1S format. {(Q15 is requircd.)

# The b’ cocfficients in the last stage are m Q17 format.

I

R L R (192 kHz Sammple Rate) ----- Smreemms

# Max Delay Register Value = 268.666 ————=> 99.949% headroom
# Max Qutput Value =4.086 -> 99.997% headroom
i

i
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1 b bl b2 a0 al al

~
=~

=

$.4345402¢-001 3.3105654e-001 8.4345402e-001 1.0000000e+000 -1.5131160+000 5 8400921001
/1 1.7907148c-001 -2.35745532-00) 1.79071482-001 1.0000000e+000 -1.5854796e+000 7.0937033¢-00)
7 3.0401514e-001 4.9151080e-001 3 0401514e-001 1.0000000e+000 -1.6621327c+100 B 4198754e-001
# 3.5735700e-001 -6 0794041e-001 3.5735700e-0D1 1.0300000c+000 -1.71074296+000 9.2558392e-00)
# 2.613624de-001 -4.5235123¢-001 2.6136243e-001 1.0000000e+(00 -1.7366273¢+000 9.6885152¢-001
I/ 3.3644153c-001 -5,8564210e-001 3.3644153¢-001 1.0000000e+000 -1.7519173c+000 9.9157326e-001
"

-~

/f Magmitudes are relative 10 the system input, not necessarily the filter input.

/ Secnon Del. max QOutmax

H e ———— —

i1 14.8950457230439 30.0525971031239
"2 268.6657342657337 32.1765299950301
#3 268.6657342657345 26.2168014264289
ia 268.6657342657350 17 3374523088056
s 268.6657342657346 7.0533046891134
e 268.6657342657326 4.0876878442666

4
' -
{/ This (ilter is n Q15 format (Q15 is required.)

serrpesssnns Cilier 3 Diff !nterpulation & Prccmphasis PGSR HSEEELRR A ORI ST

# The b’ coefficients m the last stage are in Q12 format.
it

7 (192 kHz Sample Rate) =« -rraweenns

/f Max Delay Register Value =255.872 --> 99.951% headroom
/f Max Qutput Value =259.440 ~———> 99.994% headroom

7

i

I b0 bl b2 a0 al a2

i
ff -12723363-010 4.8662511e-002 3.5810704e+000 1.0000000e+000 -9.7203440e-001 1.0899437¢-001

# 7.2682533e-003 4.9327184¢-002 5.0728513e002 1.0000000c+000 -1.5758348e+000 6.2789060e-001

1 1.3165964e-001 5.69609612-002 3 6425943e-003 1.0000400e+000 -1.5671917¢+000 6.7399133e-001

/I 2.4084812¢-001 1.3833431e-003 0.0000000c+000 1.0000000c+000 -1.5759558e+000 7.6826398¢-001

i 9.4429177+000 -1.8107524e+001 B.6732681e+000 1.0000000e+000 -1.6429813e+000 9.1158385¢-001
II

# Magnitudes are relative to the system input, not nccessarily the filler input.

1 Section Dei. max Outrnax

H e ] ——

/3 4.4056120909651 122436103717271
"2 255.8721278721281 27.3647542209154
"3 2558721278721284 45.1968B02720879
na 255.8721278721282 £1.9802894946887
s 255.8721278721280 259.5699342572192



”
F/ ;c.ctt-oOtncnchot-.ooaotto.t F“EG!"Q Diﬂ'Gain Cu-[ Baﬂdpm .q#voo.o.;qtotaooo-..-tlg..
/ This filter 15 in Q17 formaL (Q17 is required.)

Jf The b’ coefiicients in the last stage ate i Q21 format.

!

R e LA (192 kHz Sammple Rate) = - == -=veeveno-

#f Max D;:hy Regster Value = 13051 645 > 90.042% hcadroom
#f Max Output Value = 1915 ————> 99.907% headroom

it

"

I/ bl b2 20 al a2

#

/ 3.3052890e-002 0.6000000¢+000 -3.3052850e-002 §.0000000e+000 -1.9327087¢+000 3.1278529¢-001
"

/1 Magnitudes are refative to the system mpul, not necessarily the filter input.

/ Section Del. max Outmax

H ——— i

i 13051.6450743394310 1.9154790026336

i

i Filter 5 Dnff Gain Ctrl Integrator **%%** M

#1 This filter is in Q13 fonmat. (Q13 is required.)

1/ The o' coefficients in the last stape are in Q28 format

"

Hoaeacarcnaaae (192 kHz Sample Rate) v-<v-v-navcana-

#/ Max Delay Register Value =1499902.076 ————> 28.479% headroom
#{ Max Output Value =225000 ~————> 12.109% headroom

i

"

i v bl b2 a0 al a2

I/a

i

# 7.50423992-005 7.5042395¢-005 0.0000000e+000 1.0000000e+000 -9.9984992¢-001 0.0000000c+000
H

# Magnitudes are relative lo the system input, not necessarily the filler input.

// Section Del. max Outmax

H— — S

1 1499902.0762455594000 225.1124999993376

I

[l #¥senseresnsrererensusnstevas Filier 6 Diff Spec Cirl Bandpass ** vor

{1 This filter 1s in Q17 format. {Q17 is required.)

/1 The b coefficients in the last stage are in Q18 format.

'

L LR {192 kHz Sample Rate) ~~e---evmmn . av

If Max Delay Register Value =39.333 -—> 99.970% headroom
#/ Max Quiput Value =3.683 ————> 99.978% headroom
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"

i

/B ] bi b2 a0 al a2
1
/ 8.6691012¢-001 -1.7351060e4+000 8.6819671e-001 1.0000000c+000 1.7132232¢+000 7.6815543¢-001
/1 3.3300661e-001 1.8508507¢-004 -3.3343983¢-001 1.0000000e+000 -1.2652200e+000 1.3953192¢-001
L4

/7 Magnitudes are relative to the system input, not necessanly the filter inpul.

/f Section Del. max Outmax

i — i —

i 39.3329526574003 3.7578420654186

2z . 14.8039499335385 3.6850497626675

"

{f we=ssesetessrnssoansrosnsenew Fier 7 Diff Spec Ctl Integrator * Ty T

1/ “Fhis filter is in Q22 format, (Q22 is required )

/ The ' coeflicients in the last stage are in Q27 format.

4

R bt (192 kHz Sample Rate) ---«-~=co-vec-n

/1 Max Delay Register Value = 1949.451 —————> 52.406% headroom
# Max Qutput Value =0.684 ——-re--> 31.633% headroom

"

"

H o b0 bi b2 a al a2

M
"

/' 1.7543809¢-004 1.7543809¢-004 0.0000000e+000 1.0000000c+000 -9.99543232-001 0.0000000=+000
"
/I Magnitudes are relative to the system input, not necessarily the filter input.

i Section Del. max Outmax

| SRS —

I/ 1949.4512384999191 0.6840160013750
/]

’I CEFERdIR RIS SORERRARRSRBRST O FlltB’f 3 D“’rspecb.al CumsSiu“ » »
/1 This filter is in Q15 format. (Q15 is required.)

/ The b coefficicnts in the last stage arc m Q1 format.

I/

e e A (192 kHz Sample Rate) = -« =~~~ == -~

/ Max Delay Register Value = 4819.452 - > 89.081% headroom
1f Wax Output Value =4880.066 ~——-—-> 99.942% headroom

i

"

i b0 bt b2 i al a2

I

/1 38625515e+001 -3.8130535¢+001 0.0000000c+000 1.0000000c+000 -9.8671384¢-001 0.0000000e+000
"




/f Magmitudes are relative to the system npul, ot necessarily the filter input.
# Section Det. max Qutmax

" '
i 4819.4523948899350 4882 5058955489840

14

] P ssessh Filier 9 Diff Lowpass #50tasvessssssvassssonsosne
# This filter is in Q15 format. (Q15 is required.)

#/ The b’ coefficients in the last stage are 1n Q17 format.

14

e (192 kHz Sample Rate) ~----coecaenan

# Max Delay Register Value = 255 872 «——eeues> 99 05[% headroom
// Max Output Value =3.891 ——ere—> 99.997% headroom

i

i

# B0 bt b2 a0 al a2

It 8.4345402¢-001 3.3105654¢-001 8.4345402¢-001 1.0000000e+000 -1.5131160e+000 5.840052ie-001
i 1.7907148e-001 -2.3574553¢-001 1.7907148¢-001 1.0000000e-+000 -1.5854796¢+000 7.0937033e-001
' 3.0401514c-001 -4.9151080e-001 3.04015i4e-001 1.0000000+000 -1.6621327e+000 8.4198754e-001
/1 3.5735700e-001 -6.079404 [e-001 3 5735700e-001 1.0000000e+000.-1.71074292+000 9.2558392¢-001
I 2.61362442-001 -4.5235123e-001 2.6136243e-001 1.0000000e+000 -1.7366273¢+000 $.6885152¢-001
{1 3.3644153¢-001 -5.8564210c001 3.3644153¢-001 1.0000000e+000 -1.7519173c+000 9.9157326¢-001
H

/f Magnitudes are relative to the system mput, not necessarily the filter input.

#/ Section Del. max Outmax

e —_—— —_—

A 14.1857578314703 28.6215210505942

"2 255.8721278721279 30.6443142809810

3 255.8721278721285 24.9683823108847

4 255.8721278721286 16.5118593417196

s 255.8721278721287 6.7174330372509

e 255.8721278721255 3.8930360421587

i

I #4%sasevaressunanreanrnreess Ciler |0 SAP Interpolation & Precmphasis *#eeevsssissssassaasarnense
/I This filter is in Q15 format. (Q15 is cequired.)

1 The 'b’ coelMcients in the last stape are m Q12 format.

'

Hooomciascacns (192 kHz Sample Rate) - - v v-ovom-o oo

// Max Delay Repister Value = 127.93§ ~———-—> 99.976% headroom
{1 Max Output Value =79.936 ~———-—> 99.998% headroom

i

i

1 v bl b2 a0 al a?

I
#H
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/ -1.8231226¢-009 2.1884032¢-002 1.7219441c+000 100000004000 -9.7203440¢-001 1.0899437e-001

# 3.15847992-003 2.2857938e-002 2.4903862¢-002 1.0000000e+000 -1.7083043e+000 7.3325661e-001

/1 "6 0720051e-002 2.739973%e-002 181845692003 1.0000000e+000 -1.7175055:+000 7.6872240¢-001

If 9.5595731e-002 5.6899673e-004 0.0000000e+000 1.0000000e+000 -1.7487378¢+000 8.3882041¢-001

/' 1.0900737e+001 -2.0903005¢+00) 1.0012267e+001 1.0000000e+000 -1.8173075e+000 9.4015130e-001
i

{/ Magnitudes are relative to the system input, not necessanly the filter input.

1 Section Del. max Outmax
I e — ———
71 2.2028060429820 2.9414855734591

2 127.9360639360640 6.5017997596439
i3 127.9360639360640 11 5065707750231

ir4 127 9360639360641 12.3029392557771
5 127.9360639360646 79.9758599046644
7

f’ ARG N RS EAS SR CRRERRR D Fﬂlw I l SAPGain Cu-] Ba.ndpass SRNAERERR SSRGS RBRGTRGREOR T

J This Gilter is in Q17 format (Q17 is required.)
#/ The b’ cocfficients m the last stage are in Q21 format,

"

/S (192 kHz Sample Rate) -- ---- S —

#/ Max Delay Register Value = 13051.591 ~———>> 90.042% headroom
{/ Max Output Value = 1.984 ———u—> 99.903% headroom

#

i

i B0 bl b2 20 al a2

/3
Ll

/1 3.3052890e-002 0.0000000e+000 -3.3052890e-002 1.0000000+000 -1.9327087c+000 9.327852%¢-001
i

Hl Magnitudes are relative to the system input, not necessarily the filler input.

#f Section Del, max Qutmax

— ——— —_—

#i 13051.5913591675250 1.9854692831948

"

{] $¥sveavrevanssossebursesasas Filier |2 SAP Gain Ctil Inlegratar F#4sesessesessvonarurassnas
#f This filter is in Q13 format. {Q13 s required.)

# The b’ coefficients in the last stage are in Q28 format.

#

e {192 kHz Samplc Rate) =« =-=mveomvv-nn
ff Max Delay Regster Value = 1499902.076 ~——————> 28 479% headroom
# Max Qutput Value =225.000 —> 12.109% headroom

i
"

4 b0 bl b2 20 al a2
:




# 7.5042399e-005 7.5042399c-005 0.0000000e+H000 1.0000000e+000 -9.9984992¢-001 0 0000000=+300
f

#f Magnitudes are relanve to the system input, not necessarily the filter input

/f Sechion Del. max Outmax

H— e RS

[/ 1499902.0762455594000 225.1124999933376

"

Jf swewe . «s Filter 13 SAP Spec Cirl Bandpass *¥e*msavavisasesassasssnsss

{1 This filter1s in Q17 format. (Q17 is required.}
#/ The 'b* coefficients in the last stage are in Q18 format.

i

S (192 KHz Sarmple Rate) - === == s -~

# Max Delay Register Value = 60.285 > 99.954% headroom
#f Max Cutput Value =3 340 ————> 99.980% headroom

"

"

7 b0 bl b2 20 al a2

# y

ff 8.6691012¢-001 -1.7351060e+000 8.6819671c-001 1.0000000e+000 -1.7132232¢+000 7.6815543¢-001

1 3.3300661¢-001 1.8508507¢-004 -3.3343983-001 1.0000000e+000 -1.2652200e+000 3.3953192e-001
H

£/ Mapnitudes are relative to the sysiem nput, not necessarily the Biter input.

// Section Del. max Outrnax

Vi — —_—

I 60.2854167958472 3.3663545412242
2 18.1337922344007 3.3413388460805
#

,} AFSARIESRIUTSER IR SIBNSh b Fiu:‘- )4 SAP Spw Cu-l ln!em‘ﬂr FRAPIAKSEEENAR A SIS RNEFER B PR
/1 This filter is m Q22 format. (22 is required.)
/1 The * coefficients in the Jast stage are in Q27 format.

"
R T (192 kHlz Sample Rate) = mecemreamenn.
// Max Delay Register Value = 1949.451 —————> 52.406% headroom

/f Max Output Value =(.684
i
1

-> 31.633% headroom

4 b bl b2 a0 al a2
1

i1 1.7543809¢-004 1.7543809:-004 0.0000000:+000 1.0000000e+000 -9.9954323¢-001 0.0000000+000
u "

/ Magnitudes are refative to the system input, not necessarily the filter input.

{1 Section Del. max Qutmax

i o i o

i1 1949.4512384999191 0.6840160013750
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"
I+ wh Filter 15 SAP Spectral Compression AT
f This filter is in Q15 format. (Q15 is required.)

/! The ' coefTicients in the last stage are in Q11 format.
"

Hamaoocamoeaan (192 kHz Sample Rate) ----==cvrmcecnan

{/ Max Delay Register Value = 4819.452 > 99.081% headroom
I Max Output Value =4880.066 ————> 99.942% headroom

4

i

[/ bl b2 a0 al a2

-
/I 3.8625515¢+001 -3.8130535¢+001 0.0000000e+300 1.0000000e+)00 -9.8671384¢-001 0.0000000e+000
"

/1 Magnitudes are relative to the system input, not necessanily the filler input.

/f Section Del. max Outrmax
"
mn 4819.45231248899350 4882.5058955489840

/"

e g Filter 16 SAP Lowpass v
4 This filter is in Q15 format. (Q15 is required.)

/f The * coefficients in the last stage are in Q15 format.

"

Hoooomcnmrmee {192 kHz Sample Rate} -~ «-~ )

# Max Delay Register Value = 127,936 ~————> 99.976% headroom

1/ Max Output Value =3.873 ~——> 99.999% headroom

"

i

[/ ] b b2 a0 al a2

Il 1.4236972¢-001 -6.1114088e-002 1.4236972¢-001 1.0000000e+000 -1.6681586¢+000 7.0166935¢-001
/' 1.7291208e-001 -2.8898617c-001 1.7201208¢-001 1.0000000e+000 -1.7369812¢+000 7.9467313e-001
If 3.0167936e-001 -5 5024915001 3.0167936¢-001 1.0000000e+300 -1.8076638¢+000 8.9011358¢-001
i 3.5737308¢-001 -6.6631149¢-001 3.5737309e-001 1.0000000+000 -1.8511403c+G00 9.4867213e-001
/1 2.6223393e-001 4.9257885e-001 2.6223391c-001 1.0000000¢+000 -1.8738553¢+000 9.7876206¢-001
#1 1.4418675¢+000 -2.7151244¢+000 1.4418675e+000 1.0000000e+000 -1.8862768¢+000 9.9419075¢-001
i

#f Magnitudes are relative to the system input, not necessarily the filter mput.

1 Section Del. max Outrmax

W —— — e

it 30 G017134252655 6.7084273462983

"2 127 9360639360641 7.1340558588011

"3 127.9360639360641 5.7714816863319

L] 127.9360639360642 3.8011918024620
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s 127.9360639360640 1.5533507892725

6 127.9360639360671 3.8749910462902

V]

module SOSTVCom (iiCik,
118tar,
i1DRepClear,
i17Daulnl,
or21DataOutl,
117Dawain2,
ori9DataQuez,
il7Dataln3,
or25DataQut3,
i20Datalnd,
orl9DataOutd,
22 Dataln5,
ar22DataOut$,
i20DatalnG,
or20Data0ulb,
i23Dataln?,
0r23Data0ut?,
122Daning,
or20DataOutB,
i18B0_08,
i18B1_08,
i18A1_08,
il6Datalng,
orl 8DataOut9,
i16Dataln10,
or23DataOut10,
i20Daalnl 1,
orl9DataQutll,
122Dataln]2,
ar22DataOutl2,
i20Datalnl 3,
or20DataOutl3,
i23Dataln14,
0r23DataOut14,
122Datalnls,
or29Data0utls,
i18B0Q 135,
11BBL_15,
i1BAL_15,
i16Datalnlé,
orl8DataQuti6);
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inpul i1Clk;

input 1 Start;

input il DRegClear;
input [16:0] i17Dataln];
output {20:0] or21DataOutl;
input [16:0] 117Dataln2;
output [18:0} orlSDalaOut2;
wput [16:0) it7Datain3;
outpul [24:0) or25DataOul3;
input [19-0] i20Datalnd;
output {18:0] orl9DataOutd;
input [21:0] i22Datalns;
output [21:0] or22DataCut5;
input [19:0] i20Datalné;
output [19:0] or20DataOm6;
input [22:0] i23Dataln?;
autput [22:0] or23Daa0Ou7;
mput [21:0] 22Dataing;
output {28:0] or29DataOuB;
input {17:0] il18B0 08;
mput [17:0] i18B1_08;
input {17:0] $18A1_08;
input [15:01 il6Dataln9:
output [17:0] orl8DataQut9;
input [§5:0) i116Datalnl0;
outpyl [22:0] or23DataOutl0;
wput [19:0] i20Dawlnll;
output {18:0) or19DataOutll;
input {21:0] i22Datalnl2;
output [21:0] or22DatzOut]2;
input [19:0] i20Datalnl3;
output {19:0] or20DatzQut}3;
input {22:0) i23Datalni4;
output {22:0} or23DataOutl 4;
input {21:0} i22Dataln15;
output [28:0] or29Data0utl5;
input [17:0] (IEBO_LS;
mput {17:0] i18B1_15;
input [17:0] +1BAI_1S;
input [15:0] i16Datainlé;
output {17:0] orlBDataOut!6;
reg signed [20:0] or21 DataOuti;
reg signed [18:0] orl9DataOut2;
reg signed [24:0) or25DataOut3;



reg signed [18:0] or19DataQutd;
reg signed [21:0] or22DataQuts;
reg signed [19.0] 0r20Da1a0ut6;
reg signed [22:0] or23DataQut7;
reg signed [28:0] o0r29Datz0utg;
reg signed [17:0] orl8DataCwtd;
reg signed [22:0) or23DataOutl(;
reg; signed [18:0] ort9DataQurl);
reg signed [21:0) 0r22DataOutl2;
reg signed {19:0] or20DataOutl3;
reg signed {22:0) or23DataOutl4;
reg signed [28:0] er29DataOull5;
reg signed [17:0] ori8DataOutl6;
reg signed [37:0] r38InputReg;

reg signed {49:0] rS0Addendl;

reg signed [49.0] rS0Addend2;
wire signed [49:0] w50Sum;

reg signed {49:0] r50Sum,

reg signed §34:0] r35Multinputt;
reg signed [17:0} r18Multinput2;
wire signed [49:0} w50Product;

reg signed {49:0] r50Product;

reg signed [49:0] r50ProductRep;
reg rlShiftRegEnable;

Teg [34:0] e355hiftReglnput;
wire signed (34:0] w35D1;

reg signed [34:0] r35D2;

reg [86:0] r87DclayShiftRegd;
reg [86:0] rB7DelayShiftRegl3;
reg (86:0] r87DelayShiftRegl2;
reg {86:0] r87DclayShiflRegll;
reg {86:0) t87DelayShifiReg30;
reg {86:0} r87DclayShifiReg29,
1eg [86:0] s87DelayShiReg28;
reg [86:0] r87DelayShifiReg27;
reg [86:0] +87DelayShiftReg26;
g {86:0] r87DelayShiftReg25;
reg [86:0] rB87DelayShilReg24;
reg [86:0] r87DelayShftReg23;
g [86:0) 87DetayShiftReg22;
reg 186:0] r87DclayShiftReg2t;
reg  [86:0] rB7DclayShiflReg20;
reg [86:0) B7DclayShiftRegl?;
reg [86:0] r87DelayShiftRegi8;
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reg (86:0) 137DelayShiftRegl7;
reg [86:0] r87DelayShiftRegl6;
reg [86:0} 187DeclayShiftRegl5;
reg [86:0] r87DelayShiftRegi4;
©eg {26:0] r87DelayShiftRegl3;
reg {86.0] 187DelayShiftRegi2;
reg [86:0] r87DclayShiftReglt;
reg [86:0} r87DelayShiftiRegl0;
reg {86:0} r87DelayShiftiReg0d;
reg {86:0] rB7DclayShiftReg08;
reg (86:0] r87DclayShftReg07;
reg  {86:0) r87DelayShiftReg06;
reg {86:0] s87DclayShiftReg0s;
reg {86:0] 187DelayShiftReg04;
reg [86:0] r87DelayShiftReg03;
reg  [86:0] rB7DelayShiftReg02;
reg [86:0] T87DelayShfiReg0l;
reg {86:0] r87DelayShiftReg00;
wire wiCoefTicientClkEnable;
reg riCoefficientCikEnable;
wire signed [17:0] w18Coeflicient;
TeE {3:0) r4ScctionState;
reg [5:0] r6ScctionNumber;
parameter
FILTEROI_LAST_SECTION = 6'd3,
FILTERO2_LAST_SECTION =&'d9,
FILTERQ3_LAST_SECTION = 6'd14,
FILTERO4_LAST_SECTION = §'d15,
FILTEROS5_LAST_SECTION = 6'dl6,
FILTERO6_LAST_SECTION = 6'dI8,
FILTERO7_LAST_SECTION = 6'd19,
FILTEROS_LAST_SECTION = 6'd20,
FILTERO?_LAST_SECTION = 6'd26,
FILTERIO_LAST SECTION = 6'd31,
FILTERT!_LAST_SECTION = 632,
FILTER12_LAST_SECTION = 6'd33,
FILTERI3_LAST SECTION = ¢'d35,
FILTER14_LAST_SECTION = £'d35,
FILTER15_LAST_SECTION = §'d37,
FILTER16_L AST_SECTION = 6'd43,
LAST_SECTION = FILTERI6_LAST SECTION;
//State Machine States
parameter
IDLE =440,



WAITI =445,
STATEIA =417,
STATE1 =441,
STATEZ =4&'d2,
STATE3 =43,
STATEA =4'4,
STATES =4'ds,
LAST =448;

{fsynthesis translate_off
initial
begin
rdSectionState = JDLE;
end
H{synthesis translate_on
assign wlCoefficientCIkEnable = riCoefficientClkEnable | il Start;
CoefSelectSOS1 VCom
CoefSelecil  (.i1CIKk (i1Clk),
J1CIKkEnable  (wlCoefficiemCikEnable},
i18B0_08 (i18BD_03),
W18B1_0B  (j18B1_08),
i18A1_08  (i1BA1_08B),
418B0_15  (118BO_15),
A18B1_15  (i18B1_15),
JIBAI_15  (i18A1_19),
ori8Data (w1BCoefficient));
MultSOS1VCom
Mutiplier] (135Mulifnputl  (r35Mulilnputl),
L18Multinpu2z  (r18Muliinput2),
owS0Product  {wS0Product));
AdderSOSiVCom
Adderl  (i50Addendl  (rSOAddendl),
.i50Addend2 {r50Addend2),
ow50Sum (w50Sum));
assign wiSD1-= {r87DelayShiflReg34[0},
137DelayShiftReg33{0],
r87DelayShiftReg32{0),
187DclayShiftReg31(0),
r87DelaySmftReg30[0),
87DelayShifiReg25(0),
r87DelayShifiReg28(0),
187DelayShiftReg27{0],
187DelayShiftReg26{0],
r37DelayShiftReg25{0],
t87DelayShiftReg24{0},
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87DelayShiftReg23]0],
v87DelayShiftReg22[0},
sB7DelayShiftReg21{0],
r87DelayShiftReg20[0],
87DelayShiftReg19[0],
187DelayShiftReg18[0],

r87DelayShifiReg! 7{0],

r87DelayShifiReg1 6{0],

187DelayShiftReg1 5[0],

187DelayShitReg14{0],

87DelayShiftReg!3[0},
7DelayShiftReg12{0],

187DelayShiftRegl 1{0],

187DelayShiftReg10{0),

s87DelayShiftReg0{0),
r87DelayShiftReg08{0},

187 DelayShiftReg07[0],

187DelayShiftReg06[0],

187DelayShifiReg05{0],

187 DelayShiftRegD4{0],

r87DelayShiftRez03[0},

187DelayShifiReg02[0),
187DelayShiftReg01{0),

187 DelayShiftReg00{0] };
always @(r4SectionState or 1 DRegClear of w3SD1 or w50Sum)
begm

if (11 DRegClear) begin
r1ShiftRegEnable <= 1515
r35shiftReginput <= 35D0;
end else begin
case (r4ScetionState)
IDLE:
begin
riShifiRegEnable <= 1'b0;
F355hiflReglnput <= 35 DxxuxxX XXX XX XIAXX KA XX XXX XX XXKKX
end
STATEIA, STATEI:
begin
rIShiftRegEnable <= Lbl;
1358hiftReglnput <= w50Sum([49:15];
end
STATES:
begin
r1ShiftRegEnable <= 1'b1;
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r35ShiftReginput <= w35D1;
end
default:
begin
r1ShiftRegEnable <= 1'H0;
r35ShiftReginput <= 35boooorneoonionOMAR XX XX XXKKX,
end
endcase
end
end
always @(r4ScctionState or r50Sum or r38InputReg or e50Product or r50ProductReg)
case {r4SectionState)
STATE1A, STATEL: begin
r50Addend]l <= r50Sum;
r30Addend2 <= { {12{r38InputReg{37]}}, r38InputReg }:
end
STATE2: begin
r50Addend] <=r50ProductReg; -
150Addend2 <= r150Product;
end
STATE3: begin
r50Addendl  <=r505um;
rS0Addend? <= r50Product;
end
STATES: begin
r50Addend]l <= r50ProductReg;
r50Addend2 <= r50Product;
cnd
default: begin
r50Addend]l <= 50DXXXOUOCCOOOOKXX XX XXX XXX XX XXX XXX KX XAXXK
r5S0AddendZ <= SODXOXXXXAXAX KK XX XRCXOOCON IO IOOK XXAXHOAINNKKN K
end
endcase
always @(posedge i1CIk)
begin
r50Product <= w50Product;
r18Multinput2 <= wl8Coefficicnt;
if {rtShitRegEnable) begin
r37DclayShiftReg34 <= {r35ShiltReginput{34], r87DclayShvitReg34[86:1]);
187DelayShiftReg33 <= {r35ShiftReglnput[33], r87DelayShifiReg33{86:1]};
187DelayShifiReg32 <= {r355hiftReginpui32], r87DelayShiftReg32{86:1}};
187DetayShiNReg3! <= {r358nitReglnpuy31}, r87DelayShitReg31(86:1]};
187DelayShiftReg30 <= (r35ShitRegloput[30], r87DelayShiftReg30{86:11};
187DelayShiflReg29 <= (r3sshiftReginput]29), r87DelayShifiReg29[86:1]};
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187DelayShiftReg28 <= {r3sShifiReginput[28), 187 DelayShiltReg28[86:11);
r87DelayShifiReg27 <= {r35SmftReginput[27], rB7DelayShiftReg27(86:1]};
¥87DeclayShiftReg26 <= {r35ShiftReginput[26], rB7DelayShiftReg26[86:11});
187DclayShiftReg25 <= (r35ShiftReginputf25), rB7DelayShiftReg25[B6:17);
r37DelayShuiftReg24 <= {r355hiftReglnputf24), rf87DelayShifiRep24[86:1]);
r37DelayShiftReg23 <= {r35ShiftRegInput{23}, ;8 7DelayShiftReg23[86:1]}:
t87D¢elayShiftReg22 <= {r355hiftReglnput{22], r87DelayShftiReg22(86:11);
r87DetayShiftReg21 <= {r355hiftReginput{21], r87DelayShiftRep21(86:1]};
187DelayShiftReg20 <= {r353hiflReginput[20], r87DelayShiftReg20[86:11};
187DelayShiftRegl <= fr355mARegInput19], s87DeclayShitRez19/86:1]);
187DelayShiftRegl8 <= {s355hiftReginput{18], r87DelayShifiReg18[86:1]};
187DclayShiftRegl? <= (r355hiftRegInput[1 7], r87DelayShiftReg) 7{86:1]);
187DelayShifiRegl6 <= {r35ShifiReginput{16], r87DelayShiftRegl 5{86:1]},
r87DelayShiftRegl5 <= (r355hifiRegInput{15), rf87DelayShiftReg1 5[86:1]};
r87DetayShifRegld <= {r355hifiReginput{14], t87DelayShifiReg14[86:1]}:
187DclayShiftRegl3 <= (r35ShfRegInputf13], 187DelayShiftReg3[86:1]};
r87DelayShiftRegl2 <= {r355hifiReginput[12), r87DelayShiftRegl 2{86:1]);
r87DelayShiflRegll <= (r35ShiftReginput{11], r87DelayShiftReg 11(86:1));
r87DelayShifiRegl0 <= (r35ShifiReginput[10], r87DelayShifiReg10{86:11}:
r87DelayShiftReg09 <= {r35ShftReginput{9], 187DelayShifiReg0S[R6:1]};
187DelayShiftReg08 <= {r35ShifiRegInput(8], r87DelayShiftReg08[86:1]}:
187DelayShiftRegh7 <= {r3sShifReginput[7}, 187 DelayShitRegd7(86:11};
r87DelayShiftReg06 <= {r35ShifRepinputf6), *87DelayShaftReg06{B6:1]};
r87DelayShiftReg05 <= {r355hiftReginput[S], r87DelayShiftRep05{86:1]};
187DelayShiftReg04 <= {r355hiftReginputf4], r87DelayShiftReg04[86:1]):
B7DelayShiftRegd3 <= {r358hitRegnput[3}, r87DelayShiftReg0386:1]};
1B7DelayShiftReg02 <= {r355hiftReginput[2), 187DelayShiftReg02[86:1]};
r87DclayShifiReg0l <= {r355hiftReginputf], r87DelayShiftReg01[86:1]};
r87DelayShiftReg00 <= {r35ShiftReginput{0], r87DelayShiftReg00[86:1]};
end
if (11 DRegClear) begin

r4SechonState <=IDLE;

riCoeflicientClkEnable <= 10;

13502 <= 35d0;

r50ProductReg <=50'd0;

150Sum <= 50d0;

or21DataOutt <= 21'dD;

orl9Daalut2 <= 19'90;

or25Data0uld <= 25%0;

orl9Daa0ud <= 190,

0r22Data0ul5 <=22'd0,

or20Data0uté <= 20'd0;

or23DataQut? <= 23'd0;

or29PataQutd <= 29'd0;
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orl8Data0utd <= 18'd0;
or23Datalutl0 <= 23'd0;
orl9Data0utl] <= 19'd0;
or22Data0ut]2 <= 22'40,
or20Daa0utl3 <= 2040,
or23DataOutl4 <= 23'd0;
0r29DataQull5 <= 29'40;
orl8DataOutlé <= 18'd0;
end elsc begin
case (rdSectionState)
IDLE:
begin
if (i1 Start) begin
r4SectionState <=WAITH;
riCoefficientClkEnable <= 1'bi;
16SectionNumber <= §'d0;
r38lnputReg <= { {6{i17Datln1{16]}}, i17Dataln1, 150 };
end
end
WAIT:
begin
rdSectionState <= STATEIA;
r3SMultinputl <= r35D2;
end
STATELA:
begin
r4SectionState <= STATEZ;
r3sD2 <= w35D1;
¥35Muitinputl <= w50Sum{49:15];
r50Sum <= w505um;
cngd
STATEL:
begin
rdSectionState <= STATE2;
r35D2 <= wi5DI1;
£35Multinput]l <= w50Sum[49:15];
r50Sum <= w508um;
rS0ProductReg <= rS0Product;
end
STATE2:
begin
rdSectionState <= STATEI;
r35Multinputl <= w35D1;

r505um <= w505um;



end
STATE3:
begin
r4SechonState <=STATE4;
35Multinput]l  <=35D2;
£505um <= w508um;
end
STATE4:
begin
r4SectionState <= STATES;
case (r6SectionNumber)
FILTERO]1 _LAST_SECTION:
FILTERO2_LAST_SECTION:
FILTERO3_LAST_SECTION:
FILTERO4 LAST_SECTION:
FILTEROS_LAST_SECTION:
FILTERG6_LAST_SECTION-
FILTERO7_LAST_SECTION:
FILTERO8_{.AST_SECTION:
FILTERO9_LAST_SECTION:
FILTERIQ_LAST_SECTION:
FILTERH_LAST_SECTION:
FILTERI2_LAST_SECTION:
FILTER13_LAST_SECTION-
FILTERI4_LAST_SECTION:
FILTER15_LAST_SECTION:
FILTER16_LAST_SECTION:
endcase
r38inputReg  <=r50Sumf37:0]:
r50ProductReg <= vS0Product;
£35Multinputl <= wisD1;
end

STATES:

begin
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or21 DataOut} <= r50Sum{38:18};
0r19DataOut2 <= r50Sumf35:17]);
or25DataOut3 <=r50Sum[36:12];
orl9DataOutd <=150Sum[39:21];
0r22Data0ut5 <= r50Sum(49 28];
or20DataOut6 <=r50Sum{37:18];
or23Data0Out? <=r50Sum[49:27);
r29DataOut8 <= rs0Sam{3%:11];
orl 8Data0ut9 <=v505um{34:17);
0r23DataQut1d <= r505um(34:12];
or19DBataOutll <= r508um{39:21};
or22DataDut12 <= r505um{49:28);
0r20DataQut)3 <= r50Sum[37:18};
or23Daa0ut14 <= r50Sum[49:27];
or29Data0utls <=r505um(39:11};
orl8Data0utlé <= r50Sum({32:15]

ré6SecnonNumber <= r6ScctionNumber + 1;
if (r6SectionNumber == LAST_SECTION)

begin
rdSectionState <= LAST,

riCoefficientCikEnable <= 1'b0;

end

else begin
r4SectionState <= STATE!;
r3SMulilnputl <=r35D2;

end



case (réSechonNumber)
FILTERD1_LAST SECTION:
FILTERO2_LAST SECTION:
FILTERO3_LAST SECTION:
FILTERO4_LAST_SECTION:
FILTERO5_LAST_SECTION:
FILTERO6_LAST_SECTION:
FILTERO7_LAST SECTION:
FILTEROB_LAST_SECTION:
FILTER09_LAST SECTION:
- FILTERIQ_LAST_SECTION:
FILTER11_LAST SECTION:
FILTER12_LAST_SECTION:
FILTER13_LAST_SECTION:
FILTER14_LAST_SECTION:
FILTER15_LAST_SECTION:
endcase
r505um <= w50Surn;
end
LAST:
begin
rdSectionState <= IDLE;
r50ProduciReg <= r50Product;
end
default:
begin
rdSectionState <= IDLE;
end
endcase
end
end

endmodule
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r38InputReg <= { {6{i17Dataln2[16]} },117Dataln2, 150 §;
r38lnputRep <= { {6{i17Dataln3{16]}}, i17Datalad, 1500 },
r38InputReg <= { {3{i20Datain4[19]}}, 120Dataind, 150 };
r38inputReg <= { i22Dataln5{21], 122Dataln5, 1550 }:
t38InputReg <= ( {3{i20Datain6{19]}}, i20Dataln6, 1500 };
r3BinputReg <= { i23Dawaln7, 15B0 }:

r38InpuiReg <= { 122Dataln8[21}, 122Dataln8, 1500 };
r38InputReg <= { {7{i}6Datain9[15}}}, i16Datalng, 150 };
38InputReg <= { {7{it6Dataln10[15]}}, i16Datalnl 0, 150 };
rA8lnputReg <= { {3{i20Datatni1[19}}}, i20Datalnl], 15%0 };
r3ginputRep <= { i220ataln12{21], i22Dataln12, 150 §;
138InputReg <= ( {3 (i20Datain13{19]}}, i20D2ilnl 3, 1500 };
38InputReg <= {23Datalnl4, 15b0 };

r38InputReg <= { i22Dataln15[21}, 122Datalnl5, 1500 };
r38inputReg <= { (7{i16Dataln16[15]}}, i16Datalnl 6, 15B0 1,
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WHAT IS CLAIMED IS:

1. A television audio signal decoder, comprising:

a separation device configured to run at a clock speed and to separate the left
channel and right channel audio signals from the difference signal and a sum signal,
wherein the sum signal includes the sum of the left channel audio signal and the right
channel audio signal; and

a configurable infinite impulse response {IIR) digital filter configured to run at a
selected clock speed substantially faster than the clock speed of the separation device
and to selectively use, over a sampling period, at least one set of filter coefficients multiple
times to filter a difference signal, wherein the difference signal is produced by subtracting
one of a left channel and a right channel audio signal from the other of the left channel
and right channel audio signal, wherein the at least one set of filter coefficients is applied
to the difference signal by a singlte muiltiplier in a recursive manner in a recursive loop to
prepare the difference signal for separating the left channel and right channel audio
signals, wherein the configurable IR digital filter includes a feedback path and is
configured to apply the at least one set of filter coefficients to the difference signal in a
recursive manner, and wherein the at least one set of filter coefficients is changed

between iterations of the recursive loop.

2. The television audio signal decoder of claim 1, wherein the feedback path includes a shift

register to delay digital signals associated with the difference signal.

3, The television audio signal decoder of claim 1, wherein the configurable infinite impuise
response digital filter is configured to multiply a signal associated with the difference signal and

provide an output of this multiplication.

4. The television audio signal decoder of claim 1, where the configurable infinite impulse

response digital filter includes a selector configured to select a digital input signal.
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5, The television audio signal decoder of claim 1, wherein the configurable infinite impulse

response digital filter includes a selector configured to select one of the filter coefficients.

6. The television audio signal decoder of claim 4, wherein the selector includes a multiplexer.

7. The television audio signal decoder of claim 1, wherein the configurable infinite impulse

response digital filter is configured to provide a low pass filter.

8. The television audio signal decoder of ¢laim 1, wherein the configurable infinite impulse
response digital filter includes a single adder for applying the filter coefficients to the difference

signat in a recursive manner.

9, The television audio signal decoder of claim 1, wherein the television audio signal

complies to the Broadcast Television System Committee (BTSC) standard.

10. The television audio signal decoder of claim 1, whersin the television audio signal

complies to the Near Instantaneously Companded Audio Muliplex (NICAM) standard.

11. The television audio signal decoder of claim 1, wherein the television audio signal

complies to the A2/Zweiton standard,

12. The television audio signal decoder of claim 1, wherein the television audioc signal

complies to the EIA—J standard.

13. The television audio signal decoder of claim 1, wherein the configurable infinite impulse

response digital filter is implemented in an integrated circuit.
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