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(57) Abstract: In one embodiment, a DSP having four arithmetic logic units (ALUs) and able to have two read/write operations
per clock cycle performs silence detection and tone detection for data frames containing samples of an audio signal. The ALUs are
used together in parallel to process the samples in the data frames received by the DSP. A received data frame is filtered by the si-
lence detection so that substantially silent frames are dropped and non-silent frames are further processed. In the tone detection, a
filtered data frame is processed, four samples at a time, to determine the power of the signal at a given frequency, where the power
determination is used to determine whether a given tone (i.e., a signal at a given frequency) is present in the data frame.
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HIGH-PERFORMANCE TONE DETECTION USING A DIGITAL SIGNAL
PROCESSOR (DSP) HAVING MULTIPLE ARITHMETIC LOGIC UNITS (ALUs)

BACKGROUND OF THE INVENTION

Field of the Invention
The current invention relates to digital signal processors (DSPs), and in particular,

DSPs having multiple arithmetic logic units (ALUs).
Description of the Related Art

Conventional telephone keypads generate Dual Tone Multi Frequency (DTMF)
signals when pressed. Pressing any particular key on a telephone keypad produces a unique
combination of two tones, where a low tone represents the row of the key on the keypad and
a high tone represents the column of the key on the keypad. The frequencies of the tones
range from about 697 Hz to about 1633 Hz. Note that column frequency 1633 represents
keys A, B, C, and D, where these keys, although part of DTMF signaling, are absent from
many conventional telephone keypads. It should be noted that communication systems may
produce other tone combinations comprising the same or a different number of tones at
different frequencies. Corresponding communication equipment, such as equipment at a
telephone company’s central office that connects with the telephone, may need to be able to
detect the presence of particular tones in a sample of audio content from the telephone.

Audio content in conventional modern telephone systems is usually digitized at a
sampling rate of 8 kHz for processing and transmission by the telephone service provider(s).
It should be noted that other sampling rates are possible. The digitized audio content is
typically processed as data frames where each frame represents a window of time. Typical
data frame lengths are Sms and 10ms, which, at an 8kHz sampling rate, are equivalent to 40
and 80 samples, respectively. A tone-detection decision is typically made once per frame.
Several methods are known in the prior art for determining whether a frame contains audio
content at a particular frequency.

The power P(F) of the input signal at a given frequency F in an N-sample data frame
can be determined using the formula of Equation (1) below:

. —jZﬂF(N~k) 2
P(F)= Z x.e M
k=1 ’

where x1, X2, ..., xy are the samples of the frame, j is the square root of -1, and Fj is the
sampling frequency for the frame. The samples xj, x5, ..., xy represent voltage values of an
electrical signal that represents corresponding sound pressure levels of an audio signal. Once
the value of power P(F) is determined for the particular frame, that value is compared to a
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threshold and the result of the comparison is used in determining whether a tone at the given
frequency has been detected for that frame.

Power P(F) for an N-sample frame can be calculated iteratively or recursively using
the algorithm of Equation (2) below:

Re(0) = Im(0) = 0 2.1)

Re(n) =x, + cos( 2;F} ‘Re(n—-1)- sin( ZZF) -Im(n—1), and

s s

2.2
Im(r) = sin[zﬁF ] Re(n—1)+ cos( 27k j-lm(n—l) @2
E E;
forn=1,2,...N
P(F)=Re (N)* + Im (N)? (2.3)

Equation (2) calls for calculating values for Re(n) and Im(n) for each sample of the frame.
The calculations for each sample are based on the values of x,,, Re(n-1), and Im(n-1) (where
Re(0) and Im(0) are 0). Power P(F) is then calculated for the N-sample frame based on
Re(N) and Im(N). It should be noted that, generally, a recursive calculation would involve
implementing the calculation using a procedure that calls itself repeatedly (e.g., N times) until
some condition is met, while an iterative calculation would involve implementing the
calculation using a procedure that includes an explicit instruction loop that is executed a
certain number (e.g., N) of times. Thus, to illustrate a recursive function, a recursive pseudo-
code implementation for a factorial function could be factorial(z) where if n = 0 then return 1
else return »-factorial(n-1). Similarly, to illustrate an iterative function, an iterative pseudo-
code implementation for a factorial function could be factorial(n) where temp = 1; for i =2 to
n, temp = temp-i; return temp. Since, generally, recursive algorithms can be transformed into
corresponding iterative algorithms and vice-versa, the terms, as used herein, unless otherwise
indicated, are interchangeable.

Another iterative or recursive way to calculate power P(F) for an N-sample frame
involves using the Goertzel algorithm, as shown in Equation (3) below:

S(0)=S(-1)=0 3.1)

S(n)=x,+2 cos( Z;ZF

s

j-S(n—l)—S(n—Z) (32)

forn=1,2,..,N
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P(F)=S(N)? - 2cos( 2;F

s

j-S(N)-S(N—l)+S(N——1)2 (3.3)

The Goertzel algorithm involves calculating an N-item series of values from S(1) to S(&V) for
the samples x;, x3, ..., xy of the frame, where each S(n) value is based on x,,, S(n-1), and S(n-
2), and where S(0) and S(-1) are 0. Power P(F) for the N-sample frame is then calculated
based on the last two values of the series, i.e., S(V) and S(NV-1).

When any of the above calculations are performed by a processor, such as an
Application-Specific Integrated Circuit (ASIC) or a Digital Signal Processor (DSP), slight
modifications may be made to the formulas to account for the limitations of the fixed-point
arithmetic that may be used by those processors. For example, a saturation function may be
used to implement saturation arithmetic where results of arithmetic operations, which may
otherwise overflow, are clamped between a maximum value and a minimum value.
Saturation may also be used in rounding off numbers, such as, for example, in converting a
32-bit fixed-point number into a 16-bit fixed-point number. 32-bit fixed-point numbers are
also known as Q31- or Q1.31-format numbers, where the 31 represents the number of bits
after the binary point (i.e., the binary equivalent of a decimal point) and the 1, when present,
represents the number of bits before the binary point. It should be noted that, in general, if no
number is present before the binary point (e.g., Q31), it is assumed that “1” is intended there
(i.e., Q1.31). Similarly, 16-bit fixed-point numbers are known as Q15-format or Q1.15-
format numbers. As used herein, unless otherwise noted, references to Qc.15 and Qc.31
formats indicate generic format references that include formats with zero or more bits before
the binary point. Thus, for example, the term Qc.31 format includes Q0.31, Q1.31, Q2.31,
etc. formats. '

In some implementations of a saturation function, the saturation function merely
discards the least significant bits of the saturated number. This can cause round-off errors
which may be corrected using an additive correction. Thus, if, for example, a saturation
function SAT[a] discards the 16 least significant bits when saturating 32-bit number a to 16-
bit number a’, then an additive correction of 2'° may be used so that SAT[a + 2] functions
like a rounding-off function round[a] for rounding off a to a 16-bit number. An illustrative
decimal example may be helpful to understand how this works. Suppose that the decimal-
number function SAT[a] discards the digits after the decimal point of a. Thus, SAT[5.5]
would result in 5, while SAT[4.99] would result in 4. Using an additive correction of 0.5,
SAT[a + 0.5] can be used as a rounding-off function where, for example, (a) SAT[5.5+0.5] =
SAT[6.0] = 6 = round(5.5) and (b) SAT[4.99+.5] = SAT[5.49] = 5 = round[4.99].

Equation (2) can be modified to accommodate the above-described saturation and
additive correction, and also incorporate a normalization factor, as shown in Equation (4)
below:
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Re(0) = Im(0) =0 @.1)

Re(n)=SAT| 27" + M -x, + cos( ZZFJ ‘Re(n-1)— sin( ZEF) Im(n— l)} , and

s s

4.2
Im(n) = SAT| 27 + sin( 27 j ‘Re(n—1)+ cos( 27 ] Im(n —1)} 42
forn=1,2,..,.N
P(F) = SAT2'® + Re(N)* + Im(N)*] (4.3)

where M is a pre-calculated normalization factor, SAT] ] represents a saturation function for
truncating Q ¢.31 numbers to Q c.15 format, and 27185 an additive correction factor to make
saturation function SAT] ] operate like a rounding-off function. Normalization is a process of
adjusting data points in order to have them fit some particular rule, and is commonly used in
signal processing. Note that, in a recursive implementation, the calculation would start with
trying to determine Re(V) and Im(¥), which would involve determining Re(N-1) and Im(N-
1), which would in turn involve determining Re(N-2) and Im(/N-2), and so forth down to
Re(0) and Im(0). In contrast, an iterative implementation would involve first calculating
Re(1) and Im(1) and then using the results to calculate Re(2) and Im(2), and so forth up to
Re(N) and Im(N).

A conventional DSP would require 3N+O(1) clock cycles to calculate power P(F)
using Equation (4). It should be noted that O(1) is in “big O” notation and represents a
function bound by a constant and not dependent on N. Thus, for a 40-sample data frame (i.e.,
N = 40) assuming, for example, O(1) = 10, a conventional DSP would require 130 clock
cycles to calculate power P(F) for the data frame using Equation (4). The DSP requires 2
clock cycles to perform multiplication operations, including multiply-and-accumulate (MAC)
operations and multiply-and-subtract (MSU) operations. A MAC instruction operates such
that MAC (a, b, c) adds the product of @ and b to ¢, i.e., c = ¢ + a:b. An MSU instruction
operates such that MSU (g, b, ¢) subtracts the product of @ and b from ¢, i.e., c=c - a-D.
Since cos(2nF/F) and sin(2nF/Fy) are constants, they can be pre-calculated once and stored
for use by each iteration. Each iteration of Equation (4.2) requires several MAC and MSU
operations that take 2 clock cycles per iteration. Saturation requires another clock cycle per
iteration. Equation (4.2) could be modified to remove the saturation function. This will
make the procedure unstable and therefore liable to overflow and provide erroneous results,
but would also reduce the number of cycles required for processing an N-sample frame to 2N
+ O(1) clock cycles.

Equation (3) can also be modified to accommodate the above-described saturation,
additive correction, and normalization, as shown in Equation (5) below:
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S(0)=S(-1)=0 (5.1)
S(n)=SAT| 27 + M -x +2003[2ﬂFj-S(n—1)—S(n—2)

" F, (5.2)
forn=1,2,...N
P(F)= SAT{T“ +S(N)? —2cos( ZZF J-S(N)-S(N—1)+S(N—l)2} (5.3)

where M is a pre-calculated normalization factor, SAT] ] represents a saturation function for
truncating Q ¢.31 numbers to Q ¢.15 format, and 27'°is an additive correction.

A conventional DSP would require at least 4N+0O(1) clock cycles to calculate power
P(F) in accordance with Equation (5). It should be noted that, in some implementations, the
DSP can store 2cos(2nF/Fy) as a constant only if cos(2nF/Fy) is substantially between -0.5
and 0.5; otherwise, that DSP stores cos(2nF/F}) as a constant and multiplies it by 2 in every
iteration. In other implementations, the DSP can store 2cos(2nF/F;) as a constant regardless
of the value of cos(2nF/F;). Assuming 2cos(2nF/Fy) is stored as a constant, each iteration of
Equation (5.2) requires MAC, multiplication, subtraction, and saturation operations that take
3 clock cycles per sample. Saturation requires another clock cycle per iteration. Equation
(5.2) could be modified to remove the saturation function. However, that will make the
procedure unstable and therefore liable to overflow and provide erroneous results, but would
also reduce the number of cycles required for processing an N-sample frame to 3N + O(1)
clock cycles.

Some DSPs have multiple arithmetic logic units (ALUs) and multiple input/output
(I/0) units that can process multiple instructions in a single clock cycle utilizing the multiple
ALUs, multiple I/0O units, and a pipeline architecture. A pipeline architecture allows the
preparation of variables for a next iteration during a current iteration. Thus, after the first few
clock cycles of a data set during which the pipeline is loaded and before the last few clock
cycles of the data set during which the pipeline is unloaded, the DSP operates with a loaded
pipeline, where extra clock cycles are not needed to load data for use by the ALUs since the
pipeline is continually loaded as the ALUs perform their arithmetic operations. Conventional
tone-power calculation systems might not make optimal use of these features of such DSPs.

SUMMARY OF THE INVENTION

One embodiment of the invention can be a digital signal processor (DSP) comprising

a plurality D of arithmetic logic units (ALUs). The DSP is adapted to (a) receive a data

frame comprising digital samples corresponding to an audio signal and (b) perform at least
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one of tone detection and silence detection for the data frame using the plurality of ALUs in
parallel. The tone detection comprises (i) determining a power P(F) of a frequency F' for the
data frame and (ii) thresholding the determined power P(F) to determine whether a tone
corresponding to the frequency F is present in the audio signal. The silence detection

comprises filtering a given frequency range of the signal.

BRIEF DESCRIPTION OF THE DRAWINGS

Other aspects, features, and advantages of the present invention will become more

fully apparent from the following detailed description, the appended claims, and the
accompanying drawings in which like reference numerals identify similar or identical
elements.

FIG. 1 shows a simplified block diagram of a tone-detection system in accordance
with one embodiment of the present invention.

FIG. 2 shows a simplified block diagram of an implementation of the tone-power
calculation module of FIG. 1.

FIG. 3 shows a flowchart for an exemplary implementation of the processing of a 40-
sample frame.

FIG. 4 shows a simplified block diagram of a tone-detection system in accordance

with another embodiment of the invention.

DETAILED DESCRIPTION

FIG. 1 shows a simplified block diagram of tone-detection system 100 in accordance

with one embodiment of the invention. Tone-detection system 100 comprises pre-processor
101, tone-power calculation module 102, threshold comparator 103, controller 104, and post-
processor 105. Pre-processor 101 receives a data frame of N samples via data bus 101a. Pre-
processor 101 performs appropriate pre-processing, such as filtering and automatic gain
control, for the data frame and provides to tone-power calculation module 102, via data bus
101b, the pre-processed frame of length N in the form of samples x;, x3, ..., xy. Tone-power
calculation module 102 determines power P(F) for the frame, and provides that power P(F)
to threshold comparator 103 via data bus 102a. Threshold comparator 103 determines
whether or not power P(F) meets a pre-determined threshold. Threshold comparator 103
then outputs a corresponding yes or no via path 103a to post-processor 105, which uses that

determination to generate output 105a, which is the output of tone-detection system 100.
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Controller 104 is connected to and controls the various components of tone-detection system
100.

FIG. 2 shows a simplified block diagram of an implementation of tone-power
calculation module 102 of FIG. 1. A frame of N samples x;, X2, ..., Xy is provided to data
registers module 210 via data bus 101b. The samples are provided as needed. The samples
are accessed by ALUs 206, 207, 208, and 209, which use the sample values stored in data
registers module 210 to calculate power P(F) for the frame. Cnly a few sample values need
to be in data registers module 210 during any clock cycle. The samples are pipelined through
data registers module 210 as the calculation progresses. Data registers module 210 comprises
registers used to store intermediate values used in calculating power P(F). The flow of data
in data registers module 210 and the operations performed by ALUs 206, 207, 208, and 209
are determined by DSP controller 104 of FIG. 1, which provides instructions to tone-power
calculation module 102 via path 102b. Tone-power calculation module 102 communicates
with electronic memory 211 for storing and retrieving information via path ACec.

The tone-power calculation formula of Equation (4) can be transformed into the
formulation of Equation (6) below for an accelerated calculation of power P(F) that requires
only 0.75N + O(1) clock cycles:
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Im,(0)=27¢->"
k=
Re,(0)=Im,(0)=0

N-1
Re, (0)=27" - lcos 27F )~ sin 278 k
k=0 Fs Fs
- |: F
S
(V,()=M -x,, 4., fora=123,4  (6.1)-(6.4)

Re,(n)=Re,(n—1)+V,(n)- cos(Z;F

§

(N - 4n + 3)) (6.5)

Im, (n) = Im, (n—1) + ¥, (n) - sin(Z;F (N - 4n+ 3)) (6.6)
Re, (1) = Re,(n ~1)+V, (n)- cos(Z;F (N — 4n + 2)] 6.7)
27r1s7

Im,(n)=Im,(n—-1)+V,(n)-sin

N —-4n+12) (6.8)
for n =1,2,...,]% < F, ( J

Re, (1) = Re, (1) + V, (n) - cos[z;rF (N - 4n + 1)) (6.9)
Im, (n) = Im, (n) + V, (1) -sin(ng (N — 4n + 1)] (6.10)
2nF

Re,(n)=Re,(n)+V,(n)- cos( 7 (N - 4n)j (6.11)

§

Im, (n) = Im, (n) + V, (n) - sin(ZZF

(N - 4n)] (6.12)
L

P(F)=SAT 27" + (SAT[Re (N /4) + Re, (N / ])* + (SAT[Im , (N / 4) + Im, (N /82| (6.13)

s

It should be noted that the additive correction here (27'°) is multiplied in the Equation (6)
algorithm as an operational shortcut; it still functions as an additive correction in the
algorithm. Equation (6) runs only one fourth of the iterations of Equation (4), with each
iteration still requiring 3 clock cycles, thereby reducing the clock cycles for a frame of length
N from 3N + O(1) to 0.75N + O(1). Multiple operations can be performed in each clock cycle
by using parallel processing, i.e., simultaneously using ALUs 206, 207, 208, and 209 of FIG.
2. Re(n), Rex(n), Imy(n), and Imy(n) refer to various intermediate values calculated on the
way to calculating the values Re (N/4), Rex(N/4), Im;(N/4), and Im(N/4), which are
determined in the final four steps, i.e., steps (6.9) — (6.12), of iteration number N/4, and
which are used to calculate power P(F) for the N-sample frame.

For example, for a 40-sample frame, the équations for the first iteration, i.e., where n

=1, are shown below:
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9.

V()= M -x, (6.1)
V,(1)=M -x, (6.2)
V,(1)= M -x, (6.3)
V,1)=M - x, (6.4)
Re (1) = Re, (0)+ ¥, (1) - cos (2”F (39)} (6.5)
Im,(1) = Im ,(0) + 7, (1)-sin( (39)} (6.6)
Rez(l):Re2(0)+V2(1)-cos(2”F 38 J (6.7)
Im, (1) = Im2(0)+V2(1)-sin( (38)] (6.8)
Re (1) = Re, (1) + ¥,(1) - cos [”F (37)) (6.9)
Im, (1) = Im (1) + 7, (1)-sin[ (37)) (6.10)
Re2(1)=Re2(1)+V4(1)-cos£2; (36)] (6.11)
Im2(1)=Im2(1)+V4(1)-sin(2”F (36)j (6.12)

Note that each iteration comprises 12 steps that can be divided into three sets of four
steps. In the first four steps of each iteration, i.e., steps (6.1) — (6.4), values are calculated for
V1(n), Va(n), Va(n), and Va(n) based on the samples X45.3, X4n-2, Xan-1, and x4n, respectively. In
the middle four steps of each iteration, i.e., steps (6.5) — (6.8), temporary values of Re;(n),
Res(n), Imy(7), and Imy(r) are calculated. In the final four steps of each iteration, i.e., steps
(6.9) — (6.12), the temporary values of Re;(n), Rex(#), Im;(n), and Imy(n) are overwritten with
newly calculated intermediate values. These intermediate values may be stored in a data
array. It is more efficient, however, to use memory-storage (MS) modules to hold the
temporary and intermediate values of Re;(n), Rex(n) Im;(n), and Imy(n), overwriting the old
values as new corresponding values are calculated based on the old values. The values and
their corresponding variable names and MS modules are represented as Re;, Re,, Im;, and
Im;. Depending on the particular implementation, MS modules could be implemented using
data registers, cache, random access memory (RAM), EEPROM, and/or any other suitable
memory. In FIG. 2, one or both of data registers module 210 and memory 211 comprise MS

modules. In general, an MS module refers to an addressable segment of memory, where the
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segment is addressable using an address, an offset, and/or any other suitable addressing

technology.

In one implementation of tone-power calculation module 102, MS modules Re;, Re,

Imj, and Im; are updated with each iteration, based on the old values of the MS modules, as

reflected by the formulation of Equation (7) below, which is based on Equations (6.1) —

(6.12):

Re, =27

initializedIm, = 27

n=1,2,...,]%

for

il 27F .| 27F
Z cos k {—sin
k=0 ) Fs Fs

)

& 27F . [ 2#F
- ) | cos k |+sin k
k=0 Fs F_g
Re, =Im, =0
(V. =M -x; .. a=1234 (1.1)-(74)
Re, =Re,+7, -cos(ng (N —4dn+ 3)j (7.5)
Im, =Im,+V, -sin[ (N —4n +3)) (7.6)
Re, =Re,+V, -cos(—(N 4n +2)j (7.7)
Im, =Im,+7V, -sin[—(N —4n+2) | (7.8)
Re, =Re,+7V; -cos(—(N 4n +l)} (7.9)
Im, =Im +V, -sin( J (7.10)
27
Re, =Re,+V, - cos[—};—— (N - 4n)) (7.11)
Im, =Im,+7, - sin[ ZZF (N - 4n)j (7.12)
| s

P(F)= SAT[Z"6 +(SAT[Re,+Re,])* + (SAT[Im,+Im2])2] (7.13)

After variables Rey, Re,, Im;, and Im; are initialized, each iteration of N/4 iterations requires

12 arithmetic operations, which are carried out by tone-power calculation module 102.

Operations (7.1) — (7.4) can be carried out together in parallel and in one cycle by ALUs 206,

207, 208, and 209. Operations (7.5) — (7.8) can also be carried out together in parallel and in
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one cycle by ALUs 206, 207, 208, and 209. And operations (7.9) — (7.12) can also be carried
out together in parallel and in one cycle by ALUs 206, 207, 208, and 209. An exemplary
description of the operation of tone-power calculation module 102 processing 40-sample data
frames is provided below.

The values of cos(2nF k/Fy) and sin(2nF"k/Fy) for k=1 to 40, which are constant
(assuming F, F, and N are not changed between frames), used in every frame, and do not
depend on particular data-sample (i.e., x,) values, may be calculated before any frame is fully
processed, and the calculated values may then be stored in memory for use in subsequent
frames. The value of normalization constant M may similarly be stored in memory 211.
These constants may then be read into data registers 210 via path ACc as needed by tone-
power calculation module 102. Storing ﬁequeﬁtly used constants in memory and using them
as necessary, rather than recalculating their value every time they are needed, reduces the
number of calculations needed per frame and, consequently, frame-processing time.

FIG. 3 shows flowchart 300 for an exemplary implementation for the processing of a
40-sample frame using the algorithm of Equation (7). Frame processing commences with
getting the frame for processing (step 301). Next, Rey, Res, Imy, and Im, are initialized (step
302). The initialization values in every frame for variables Re;, Rey, Imy, and Im; are
constant. The initial values of Re, and Im; are 0, while Re; and Im; are initialized using the
calculated values of cos(2nF-k/F;) and sin(2nF-k/F). Since the initial values of Re, and Im
are the same for every frame, they may also be calculated before any frames are received and
stored in memory for retrieval and use as needed. The initial values of Re; and Im; may also
be stored in memory, but since those initial values are 0, they may simply be set to 0 at the
start of processing of every frame (step 302). After variables Rey, Rey, Imy, and Im; are
initialized for the frame, the process enters the first of 10 iterations for the 40-sample frame
(steps 303-307). Each iteration processes four consecutive samples of the forty samples of
the frame and proceeds as described below.

First, the four samples are retrieved (step 303). Next, V1, V2, V3, and Vj are calculated
for the four samples, in parallel, using ALUs 206, 207, 208, and 209, in accordance with
Equations (7.1) — (7.4) (step 304). The calculated values are then stored in the appropriate
MS modules. Next, ALUs 206, 207, 208, and 209 calculate, in parallel, new values for
variables Rei, Re,, Imy, and Im, based on V; and V>, in accordance with Equations (7.5) —
(7.8) (step 305). Then, ALUs 206, 207, 208, and 209 calculate, in parallel, newer values for

variables Rej, Rey, Imy, and Im; based on V3 and V4,in accordance with Equations (7.9) -
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(7.12) (step 306). If there are more samples in the frame, then the next iteration is
commenced (step 307). After all the iterations are completed, power P(F) is calculated based
on the final values of variables Re;, Re, Imj, and fmz for the frame, in accordance with
Equation (7.13) (step 308). The value of power P(F) is then provided to threshold
comparator 103 of FIG. 1 via path 102a, and the process terminates for the frame (step 309).

As would be appreciated by one of ordinary skill in the art, the above-described
embodiment may be implemented in a variety of ways without departing from the scope of
the invention. One typical implementation is defined using Assembler code. The Assembler
code may define N/4 loops or may combine iterations to have fewer loops. Particular
programming choices may vary depending on implementation-specific factors such as the
number of registers available in data registers module 210, the number format for numbers
stored in those registers, the number format for numbers stored in memory 211, and other
factors specific to tone-power calculation module 102 and related modules.

In one alternative embodiment, N/8 iterations are used to process an N-sample frame
of samples x1, X2, ..., xy. The corresponding tone-power calculation, based on Equation (4), is
represented in Equation (8) below, where o = 2nF/F,, Mis a normalization factor, 276 is an
additive correction factor, and SATT ] is a saturation function.

Re(0) =Im(0)=0 (8.1)

’Rel(n) 271 i[cos(ka)—sin(ka)] i[cos(ka) M xg 0, ]+
cos(4a) Re(n 1)—sm(4a) Im(n D+M-xg,,
Im, (1) = 27'° Z[cos(ka)+ sm(ka)] Z[sm(ka) M- xsn_4_k]+

sin(4a)- Re(n ~1)+cos(4)- Im(;lq -1)
Re(n) = SAT[Re,(m)], Im(n) = SAT[Im, (n)]

forn=1,2,...,]% < . . 3 8.2)

Re,(n) =27 Z[cos(ka)——sin(ka)] Z[cos(ka)-M S
cos(4a) Re(n) - sm(4a) Im(n) + M - xg,

Im, (n) =27 Z[cos(ka)+ sin(ker )]+ Z [sin(ke)- M - x,,, ]+
sin(4oz)- Re(n) + cos(4a)- Im(n) .

|Re(n) = SAT[Re, (n)], Im(n) = SAT[Im, (n)]

P(F)=Re(N/8)* + Im(N/8)* (8.3)
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A more-detailed formulation appears below as Equation (9).
Re(0) = Im(0) =0

(V. (n)=M %44, a=12,..8 (9.1)—(9.8)
Re,(n)=27"°- 23: [cos(ket) - sin(kr)] (9.9)
k=0
Im,(n)=27"°- i [cos(ke )+ sin(ker)] (9.10)
k=0
Re,(n)=27"" ZS: [cos(ker) - sin(ker)] (.11
k=0
Im,(n)=27"°" 23: [cos(kaz) + sin(ker)] (9.12)
Re, (1) =Re, () + v, (n) (9.13)
Re, (1) = Re, (1) + cos(2a) - ¥, (n) 9.14)
Im, (n) = Im, () + sin(2cx)- ¥, (n) (9.15)
Re, (1) =Re, (1) + cos(3cx)- ¥, (n) (9.16)
Im, (1) = Im, () + sin(3a) - ¥, (n) 9.17)
Re, (1) =Re, (1) + cos()- V; () (9.18)
Im, (n) = Im, (1) + sin(a) - ¥, (n) (9.19)
Re, (1) = Re, (1) + cos(4er)- Re(n—1) (9.20)
Im, (n) = Im, (1) + cos(4a) Im(n — 1) (9.21)
n=12, ]% j Re, () = Re, (1) — sin(4ar)- Im(n — 1) (9.22)
Im, (n) = Im, (r) +sin(4er)- Re(n — 1) (9.23)
Re(n) = SAT[Re, (1)] (9.24)
Im(r) = SAT[Im 1(#)] (9.25)
Re, (1) =Re, (1) + V(1) (9.26)
Re, (1) = Re, (1) + cos(2cx) - ¥, (1) (9.27)
Im, (1) = Im,, () + sin(2x) - ¥ (n) (9.28)
Re, (1) = Re, (1) + cos(3ax) - Vs (n) (9.29)
Im, () = Im, (n) + sin(3c)- ¥; (n) (9.30)
Re, (1) = Re, (n) + cos(a) V, (n) (9.31)
Im, (n) = Im, (1) + sin(a) - ¥, (n) (9.32)
Re, (n)=Re,(n) + cos(4a)- Re(n) (9.33)
Im, (n) = Im, () + cos(4cx) - Im(r) 9.34)
Re, (1) = Re, (1) —sin(4c)- Im(n) (9.35)
Im, (n) = Im, (%) + sin(4cx)- Re(n) (9.36)
Re(n) = SAT[Re, ()] (9.37)
Im(n) = SAT[Im, ()] (9.38)
P(F)=Re(N/8)* +Im(N/8)? (9.39)

Assuming that constants are calculated, stored, and retrieved for later use, rather than re-

calculated for each use, a DSP having four ALUs and two read/write operations per clock
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cycle using the formulation represented by Equations (9.1)-(9.39) would process an N-sample
frame in N + O(1) clock cycles.

The formulations presented above, which refer to DSPs having 4 ALUs and 2
read/write operations per cycle, can be generalized for different multi-core (i.e., having
multiple processors) DSPs. For a DSP with D ALUs and at least 2 read/write operations per
cycle, the formulation of Equation (10) below may be used, where, unless otherwise

indicated, variables are used in substantially the same way as described above.
& 27 27F
Re,(0)=27" - | cos m | —sin m
1
Im,(0)=27-> | cos 278 ) 4 sin] 22
m=0 Fs Fs

Re,(0) =Im,(0)=0

Re,(0)=Im,(0)=0

(V.(n)=M -x,,,, a=12,..D (10.1)
Re,(n+1) = Re, () + ¥, (n)- cos(‘z;fF (N —Dn- 1)) (10.2)
Im,(n+1) =Im,(n) +V,(n)- sin[ 2ZF (N —Dn- l)j (10.2")
Re,(n+1)=Re,(n) +V,(n)- COS(z;TF (N —Dn— 2)) (10.3)
for n=0,1,...,|:ﬁ—1} 9 271';7

D Im, (n+1) = Im, () + ¥, (n) - sin( (N = Dn- 2)) (10.3")
Re, (n+1) =Re, (1) +V,(n)- cos( 2;’F (N —Dn- D)j (10.D)
Im, (n+1) = Im,, (n) +V, (n) - sin( 2;F (N —Dn— D)J (10.D")

{2*6 +(SAT[Rel(N/D)+Rez(N/D)+...+ReD(N/D)])2}
P(F)=SAT
+(SAT[Im, (N / D)+ Im, (N / D) +...+ Im, (N / D)])

Using the above formulation, D Re(n) and D Im(r) variables are initialized. Then,
N/D iterations are run to process the samples in the frame, where each iteration takes D
samples from the N-sample frame and performs 2D arithmetic operations. After all the
samples are processed, power P(F) is calculated. Calculating power P(F) using the above

formulation on a DSP with D ALUs would require 3N/D + O(1) clock cycles. That is so
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because, in each iteration, (a) the calculations of Equation (10.1) are performed in parallel in
one clock cycle, then (b) the calculations of Equations (10.2)-(10.D) are performed in parallel
in one clock cycle, and then (c) the calculations of Equations (10.2°)-(10.D’) are performed in
parallel in one clock cycle.
A generic alternative implementation of the above formulation is represented by the

formulation of Equation (11) below, where, unless otherwise indicated, the variables and
functions retain the same meaning as above.

Re(0) = Im(0) = 0 (11.1)

Re,(n)= 2716 i [cos(sa) - Sin(sa)]+ i [cos(sa)- M X35, p-s ]+
cos(Dax) Re(n — 1) —sin(Dax)- Tm(z ~1)+ M x5,
D D
Im,(m)=27%->" [cos(sa) + sin(ser)] + > [sin(sa)- M - X pmpos 1+

sin(DozT-0 Re(n - 1) + cos(Da)- Isr=rll(n -1)
Re(n) = SAT(Re; (1)), Im(n)=SAT(Im,(n))

N
for n =1,2,...§B 4 A N (112)
Re, (m)=27% - [cos(sar) - sinsa)]+ > [cos(s)- M - x,p,, ]+
cos(DoaT-0 Re(n) —sin(De)- Im(is;)l-l- M- x,p,
Im, (n)=27"°- Z [cos(sa) + sin(sa)] + Z [sin(sa)- M- Xyp,_s ] +
sin(DoaT-oRe(n) +cos(Da)- Im(rs;)1
|Re(n) = SAT[Re, (n)], Im(n)=SAT[Im, (n)]
P(F)=Re(N/2D)* + Im(N/ 2D) (11.3)

A more-detailed formulation appears in Equation (12) below, where, unless otherwise

noted, variables retain the same meaning as above.
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Re(0) = Im(0) =0
(V. () =M Xyp, opys @=1,2,..2D (12.1.1-12.1.2D)
Rel(n)=27". 2 [cos(sa) - sin(se)] (12.2.1)
Iml(n)=27"- Li [cos(sax) + sin(se)] (12.2.2)
Re2(m)=27"" ZV: [cos(sa) - sin(sex)] (12.2.3)
Im2(n)=27" - % [cos(sa) + sin(sar)] (12.2.4)
Rel(n) =Rel(n) + ¥, (n) (12.3.1)
Rel(n) = Rel(n) + cos(a) Vp_, (1) (12.3.2)
Im1(#) = Im1(#) + sin(a)- V,,_, (1) (12.3.3)
Rel(n) =Rel(n) + cos((D - Deax)- V; (1) (12.3.2D-2)
Im1(n) = Im1(x) + sin((D — D) ¥, (1) (12.32D-1)
Rel(r) =Rel(n) + cos(Dex)- Re(n—1) (12.4.1)
v Im1(#) = Im1(r) + cos(Der) - Im(n—1) (12.4.2)
forn=12,...04 | Rel(n) =Rel() -sin(Da)- Im(n - 1) (12.4.3)
Im1(n) = Im1(n) + sin(Dex)- Re(n 1) (12.4.4)
Re(n) = SAT[Re 1(n)) (12.5.1)
Im(n) = SAT[Im1(#)] (12.5.2)
Re2(n)=Re2(n)+V,,(n) (12.6.1)
Re2(n)=Re2(n)+ cos(a)- Vipa (1) (12.6.2)
Im2(n) = Im 2(n) + sin(@) - V,,_, (n) (12.6.3)
Re2(n) = Re 2(n) + cos((D = Da)- V., (1) (12.6.2D - 2)
Im2(n) = Im 2(r) + sin((D — Dex)- V., (1) (12.6.2D 1)
Re 2(1) = Re 2(n) + cos(Dar)- Re(n) (12.7.1)
Im 2(n) =Im 2(n) + cos(Dex)- Im(r) (12.7.2)
Re2(n) =Re2(n) - sin(Dex)- Im(n) (12.7.3)
Im 2(r) = Im 2(n) + sin(Da)- Re(n) (12.7.4)
Re(n) = SAT[Re 2(1)] (12.8.1)
Im(r) = SAT[Im 2(n)] (12.8.2)

P(F)=Re(N /2D)* + Im(N / 2D)?
FIG. 4 shows a simplified block diagram of tone-detection system 400 in accordance
with another embodiment of the invention. Tone-detection system 400 contains many of the

same modules as tone-detection system 100 of FIG., 1, but with the addition of silence-
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detection module 412, which receives frames of N pre-processed samples from pre-processor
101 via path 101b and conditionally provides those frames to tone-power calculation module
102 via path 412a. Silence-detection module 412 determines whether a received frame
substantially represents silence. If a frame is determined to be substantially silence, then that
frame is not provided to tone-power calculation module 102. Otherwise, the frame is
provided to tone-power calculation module 102 to determine the presence of particular tones,
as described above. It should be noted that silence-detection module 412 and tone-power
calculation module 102 may be implemented using different DSPs or the same DSP, wherein
the DSP functions as both silence-detection module 412 and tone-power calculation module
102. For example, a DSP, functioning as a silence-detection module, can receive a frame and
first determine whether it is substantially silence and, if it determines that the frame is not
silence, then the DSP, functioning as a tone-power calculation module, can calculate the
power of a particular frequency in the frame.

In accordance with one implementation of silence-detection module 412, silence-
detection module 412 reliably detects whether the energy in the 200Hz-3400Hz band is
below -34dBm. A second-order bypass filter to achieve that can be represented by Equation
(13) below:

z,=0.825x, — 0.825:x,,—0.16-z,.; — 0.6499:z,,., (13)
If we denote By = 0.825, A; = -0.16, and A, = -0.6499 and use saturation and additive
correction (e.g., where x; and z are in Qc.15 format, and arithmetic operations provide Qc.31
results), then we can represent Equation (13) for an N-sample frame according to Equation
(14) as follows:

2, =27+ Byx, — BoXpa + Arzpg + Axzaa |

forn=1,2,....N

(14)

A prior-art DSP would require at least 2N clock cycles to process an N-sample frame.
One implementation of silence-detection module 412 can process an N-sample frame,
comprising samples X1, X2, ..., Xy, in 1.5-N + O(1) clock cycles using a filter represented by the
algorithm of Equation (15) below, where the terms have the values described above.

Z,= 2718+ Box,, — BoXya + A1z + Axzu (15.1)

Zpt =27 + Box, — BoXys + ArZaa T A2Zns

(15.2)
forn=2,4,6,...,N.
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Or, alternatively, the implementation can be represented by the algorithm of Equation (16)
below, where the term A, represents Aj-A,, the term Aj.14; represents ApAr+ A, and 2716 ig

an additive correction.

-16 -16
z, =2"°+ Bgx, — Bo¥na + Ar(27° + BoXy1 — Boxys) 6.1
Ar1Zh2 T A12Zns
-16
Zp1 = 277+ BO'xn-l - BO'xn-3 + Al'Zn-Z + A2'Zn-3

forn=2,4,6,....N

(16.2)

The algorithm represented by Equation (16) takes samples Xp, Xp-1, Xn-2, Xn3 and
results 7,2, z,3 and iteratively calculates z, and z,;-l. Each iteration of the algorithm takes up
three clock cycles. As a result, the total number of clock cycles required to process an N-
sample frame is 1.5-N + O(1). Silence-detection module 412 can implement Equation (16) by
processing 3 iterations of the algorithm together in 9 clock cycles. In other words, 6 inputs (4
samples and 2 results) are handled every 9 clock cycles. A more-detailed representation of

Equation (16) for silence-detection module 412 is provided as Equation (17) below.

g, =2"° (17.1)
Gr1 =27 (17.2)
dn=qn— BoXn2 (17.3)
qn1= Gna — BoXn3 (17.4)
read x,.; and x,, (17.5)
gn=qnt+ Boxn (17.6)
Gn1 = Gn1 + BoXn ' (17.7)
Zn = qn (17.8)
Zp-17 qn-1 (17.9)
Z, =2z, + Ar'zp (17.10)
Z,=2Zp T A12°Zn3 (17.11)
Zpl = Zp1 t A2z (17.12)
2, =2, + Al142Zn2 (17.13)
2,1 = Zp1 T ArZna (17.14)
write z,.; and z, (17.15)
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forn=2,4,6,...,.N

Silence-detection module 412 performs operations (17.1)-(17.15) as shown as
Equation (18) below, where (a) the square brackets denote a set of operations that are
executed in parallel in one clock cycle and (b) the subscript indexes (e.g., “s,” “s-1,” and “s-
2”) mean indexes of iterations. For example, operations (17.1) and (17.2) of the iteration n =
s are performed together with (i.e., in the same clock cycle as) operation (17.8) and (17.9) of

the iteration n = s-2 and operations (17.11) and (17.12) of the iteration n = s-4.

[ (17.1), (17.2),, (17.8)5.2, (17.9)5.0, (17.11)5a, (17.12)54 ]
[ (17.3),, (17.4), (17.5),, (17.13)5, (17.14),4 1 (18)
[ (17.6)s, (17.7)s, (17.10)s., (17.15)54 ]

It should be noted that the above-described implementation for silence-detection
module 412 is designed for N-sample frames where N mod 6 = 4. For example, for N = 40,
40 mod 6 = 4. As would be appreciated by one of ordinary skill in the art, the described
algorithm may be modified for frames of other lengths.

In an alternative embodiment of silence-detection module 412, silence-detection
module 412 uses a multi-processor DSP having m ALUs and multiple read-write operations
per clock cycle that is able to perform multiple operations in parallel. A filter for such a
multi-ALU DSP can be represented by the formulation of Equation (19) below:

2p=2"%(1+ Bo+ B + ... + By3) + By, - Xn2) + Bi(¥1 - Xn3)

+ Bo(xna = Xna) + oo F Bua(poms = Xums) T BuaZpmz (19)

Bm-l Zyn-m+1

Since B; does not depend on 7, the values of B; may be pre-calculated and stored in a memory
for use as needed. Values for B; may be calculated recursively using the algorithm of
Equation (20) below.
By =By, (20.1)
Bi=A1'Bo (20.2)
Fori=2 to m-3,
B;=A1'Bi1+ AyBiy
Thus, for example, By = AyBo+ (A1)*Bg and B3 = B¢'(2:A- Ay + (A1)).

(20.3)
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Equation (19) can be transformed for implementation using silence-detection module

412 according to Equation (21) as follows, where g, is the output:

qn = 2718 (1+ B+ Bi+...+ Bs) (21.1)
9n=qn+ B3 (Xnm3 = Xym-5) (21.2)
9n= qn+ Brr (Xp1 — Xp3) (21.m-2)
read x,, X, (21.m-1)
A= Xp = Xp2 (21.m)
4n= qnt+ Bo'dy Q21.m+1)
4n= qn T But1'Gnm (21.m+2)
write g, (21.m+3)

forn=m+1,m+2,m+3,..,.N

Silence-detection module 412 performs operations (21.1)-(21.m+3) as shown in
Equation (22) below, where (a) the square brackets denote a set of operations that are
executed in one clock cycle and (b) the subscript indexes (e.g., “s,” “s-1,” and “s-2”) mean

indexes of iterations.

[(21.1), (21.2)5.15(21.3)s22,... 21.m+2)g 1, (21.m43)5m2,] (22)

It should be noted that operations (21.1), (21.m-1), and (21.m+3) are read/write operations,
while the others are arithmetic operations. Note that opefation (21.1) here is a read operation
because the value of 2% (1+ Bg+ By+...+ By.3) is pre-calculated and operation (21.1) consists
of loading that pre-calculated value into g,. As can be seen, one clock cycle is needed to
implement one step of the iteration. However, approximately m clock cycles are needed to
get to the point where all the operations can be performed simultaneously since the
operational pipeline needs to be filled. For example, if silence-detection module 412 uses 4
ALUs, then, on the second iteration (e.g., s = 2), only operations from the first two iterations
can be performed. Once s >= m + 3, all the algorithms of Equation (21) can be implemented
simultaneously. Thus, a total of N+m+3 clock cycles are needed to process one N-sample
frame of data. It should be further noted that silence-detection module 412 needs to be able

to perform at least three read/write operations per clock cycle in this implementation.
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Embodiments of the invention have been described in the context of DTMF telephony
signals. The invention is not limited to DTMF tones or telephony applications. Some
alternative embodiments are used for tone-power calculation and/or silence detection in
contexts outside of DTMF signals. Some alternative embodiments are used for tone-power
calculation and/or silence detection in contexts outside of telephony.

An embodiment of the invention has been described where the silence-detection
module 412 of FIG. 4 is used in conjunction with tone-power calculation module 102, In an
alternative implementation, silence-detection module 412 is used independently of a tone-
power calculation module.

Embodiments of the invention have been described wherein a pre-processor, a
threshold comparator, and a post-processor are used. These devices are not necessary for the
invention. Alternative embodiments of the invention are implemented without one or more
of a pre-processor, threshold comparator, and post-processor.

Embodiments of the invention have been described wherein the frames comprise 40
samples. As already noted, data frames of different sizes are possible. Alternative
embodiments of the invention process data frames having a number of samples other than 40.

An embodiment of the invention has been described where the silence-detection
module was shown as separate from the pre-processor. In an alternative embodiment, the
silence-detection module is part of the pre-processor. In general, as also indicated elsewhere,
the various modules described may be physically implemented in a wide variety of ways, as
would be appreciated by one of ordinary skill in the art.

References herein to the verb “to set” and its variations in reference to values of fields
do not necessarily require an active step and may include leaving a field value unchanged if
its previous value is the desired value. Setting a value may nevertheless include performing
an active step even if the previous or default value is the desired value.

As used herein in reference to data transfers between entities in the same device, and
unless otherwise specified, the terms “receive” and its variants can refer to receipt of the
actual data, or the receipt of one or more pointers to the actual data, wherein the receiving
entity can access the actual data using the one or more pointers.

Exemplary embodiments have been described wherein particular entities (a.k.a.
modules) perform particular functions. However, the particular functions may be performed
by any suitable entity and are not restricted to being performed by the particular entities

named in the exemplary embodiments.
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References herein to the verb “to generate” and its variants in reference to information
or data do not necessarily require the creation and/or storage of new instances of that
information. The generation of information could be accomplished by identifying an
accessible location of that information. The generation of information could also be
accomplished by having an algorithm for obtaining that information from accessible other
information.

As used herein in reference to an element and a standard, the term “compatible”
means that the element communicates with other elements in a manner wholly or partially
specified by the standard, and would be recognized by other elements as sufficiently capable
of communicating with the other elements in the manner specified by the standard. The
compatible element does not need to operate internally in a manner specified by the standard.

The present invention may be implemented as circuit-based processes, including
possible implementation as a single integrated circuit (such as an ASIC or an FPGA), a
multi-chip module, a single card, or a multi-card circuit pack. As would be apparent to one
skilled in the art, various functions of circuit elements may also be implemented as
processing steps in a software program. Such software may be employed in, for example, a
digital signal processor, micro-controller, or general-purpose computer.

It will be further understood that various changes in the details, materials, and
arrangements of the parts which have been described and illustrated in order to explain the
nature of this invention may be made by those skilled in the art without departing from the
scope of the invention as expressed in the following claims.

Reference herein to “one embodiment” or “an embodiment” means that a particular
feature, structure, or characteristic described in connection with the embodiment can be
included in at least one embodiment of the invention. The appearances of the phrase “in one
embodiment” in various places in the specification are not necessarily all referring to the
same embodiment, nor are separate or alternative embodiments necessarily mutually
exclusive of other embodiments. The same applies to the term “implementation.”

Unless explicitly stated otherwise, each numerical value and range should be
interpreted as being approximate as if the word “about” or “approximately” preceded the
value of the value or range. As used in this application, unless otherwise explicitly indicated,
the term “connected” is intended to cover both direct and indirect connections between

elements.
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For purposes of this description, the terms “couple,” “coupling,” “coupled,”
“connect,” “connecting,” or “connected” refer to any manner known in the art or later
developed in which energy is allowed to be transferred between two or more elements, and
the interposition of one or more additional elements is contemplated, although not required.
The terms “directly coupled,” “directly connected,” etc., imply that the connected elements
are either contiguous or connected via a conductor for the transferred energy.

The use of figure numbers and/or figure reference labels in the claims is intended to
identify one or more possible embodiments of the claimed subject matter in order to facilitate
the interpretation of the claims. Such use is not to be construed as limiting the scope of those
claims to the embodiments shown in the corresponding figures.

Although the steps in the following method claims are recited in a particular sequence
with corresponding labeling, unless the claim recitations otherwise imply a particular
sequence for implementing some or all of those steps, those steps are not necessarily intended

to be limited to being implemented in that particular sequence.

SUBSTITUTE SHEET (RULE 26)



WO 2010/138014 PCT/RU2009/000268
24-
CLAIMS
We claim:
1. A digital signal processor (DSP) comprising a plurality D of arithmetic logic units
(ALUs), wherein the DSP is adapted to:
receive a data frame comprising digital samples corresponding to an audio signal; and
perform at least one of tone detection and silence detection for the data frame using
the plurality of ALUs in parallel, wherein:
the tone detection comprises (i) determining a power P(F) of a frequency F for the
data frame and (ii) thresholding the determined power P(F) to determine whether a tone
corresponding to the frequency F is present in the audio signal; and

the silence detection comprises filtering a given frequency range of the signal.

2. The DSP of claim 1, wherein the DSP performs the tone detection for an N-sample data

frame.

3. The DSP of claim 2, wherein the DSP is adapted to determine the power P(F) by
performing the following operations on the N-sample data frame:

@) Va(n)=Muxup+g fora=1,..,Dand n=0, ..., [N/D-1];

(b) Rea(n + 1) = Rea(i’l) + Va(i’l) . COS( ZZF

s

(N—Dn—a)j,fora= l,...,Dandn=0, ...,

[N/D—1]; and

(©) Img(n + 1) = Imu(n) + Va(n)- sin( 2]7:rF

s

(N—Dn—a)), fora=1,..,Dandn=0, ...,

[N/D-1],
wherein V,(k), Re,(k), and Im,(k) are storage variables, F is a sampling frequency for the
data frame, x; is the ith sample of the data frame, a , &, and » are counting variables, and M is

a normalization factor.

4. The DSP of claim 3, wherein the DSP is adapted to determine the power P(F) in

accordance with the equation P(F) =
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s sl 3o (5] {sfom( 5o 5] |

where SAT][ ] is a saturation function and 4 is an additive correction.

5. The DSP of claim 3, wherein the DSP is adapted to:

N-1
(a) initialize Re;(0) to 4- Z[cos( ZZF m) - sin( 2;F mﬂ ;

m=0
27l . | 2AF
m |+ sin m | |; and
FS FS

(c) initialize Re/(0) and Im;(0) to 0 forj =2, ..., D, wherein 4 is an additive correction and

N-1
(b) initialize Im;(0) to 4- Z{cos(

m=0

m and j are counting variables.

6. The DSP of claim 5, wherein the DSP is adapted to determine the power P(F) in

accordance with the equation P(F) =

s sl ] {sfn(Fm(z)-m 5]

where SAT] ] is a saturation function and A4 is an additive correction.

7. The DSP of claim 3, wherein the DSP is adapted to:
perform multiple read/write operations per clock cycle;
perform step (a) in one clock cycle for any one value of by using all D ALUs in parallel;
perform step (b) in one clock cycle for any one value of 7 by using all D ALUs in
parallel; and

perform step (c) in one clock cycle for any one value of 7 by using all D ALUs in parallel.

8. The DSP of claim 2, wherein:

D=4,

the DSP is adapted to perform multiple read/write operations per clock cycle;

the DSP is adapted to determine the power P(F) by performing the following operations
for n=1, ..., N/4, wherein the DSP reads a sequential 4-sample group from the N-sample data

frame for each value of n:
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(a) Va(n) = MX4n -4+ a, fora=1,..,4;

(b) Rey(n) =Rey(n - 1) + Vi(n)- cos ZZF

(N—4n+3)j;

2

%

(¢) Imy(n) = Im(n - 1) + Vi(n) sin( (N—-4n+ 3)) ;

Bes|

(d) Rex(n) = Rex(n - 1) + Va(n) cos(zFLF (N —4n+ 2));

(€) Ima(r) = Imy(nr - 1) + Va(n) sin( ZZF (N —4n+ 2)) :
(D) Rey(n) = Req(n) + Va(n)- cos( 2;F (N—4n+ 1)) ;
(2) Tmy () = Imy () + Va(r) sir{ ZZF (N —d4n+ 1)) :

(h) Rex(n) = Rea(n ) + Va(n)- cos( ZZF (N - 4n)j . and

(i) Ima(r) = Imy(n) + Va(m) sin( 2177TF

s

(N - 4n)} , wherein V,(n), Re(n), Rea(n),

Im; (), and Imy(n) are storage variables, Fy is the sampling frequency for the data frame, x; is

the ith sample of the data frame, a is a counting variable, and M is a normalization factor.

9. The DSP of claim 8, wherein the DSP is adapted to determine the power P(F) in

accordance with the equation P(F) =
2 2
N N N N
SATT A+| SATTRe| — |+Re,| — ||| +| SAT Im,| — |+Im,| — ,
{ ( 7{ “‘1(4) %(JD [ 1{““*[4) QOm
wherein SAT[ ] is a saturation function and 4 is an additive correction.

10. The DSP of claim 8, wherein the DSP is adapted to:

N-1
(a) initialize Re;(0) to 4- Z{cos{ 27 m) ~ sin[%g: mﬂ ;
m=0

F,

s s

=

-1
(b) initialize Im;(0) to A4- [cos(%?]i m) + sin(%{f— mji| ; and

0

3
il

§ s
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(c) initialize Re,(0) and Im,(0) to 0, wherein 4 is an additive correction and m is a

counting variable.

11. The DSP of claim 8, wherein the DSP is adapted to:

perform multiple read/write operations per clock cycle;

perform step (a) in one clock cycle for any one value of # by using all 4 ALUs in parallel;

perform steps (b) — (€) in one clock cycle for any one value of n by using all 4 ALUs in
parallel; and

perform steps (f) — (i) in one clock cycle for any one value of n by using all 4 ALUs in

parallel.

12. The DSP of claim 2, wherein the DSP is adapted to determine the power P(F) by
performing the following operations on the N-sample data frame:
(a) initialize Re(0) and Im(0) to 0;
(b) for n =1, ..., [N/2D] calculate:
D D
(D) Rey(n)= 4- Z[cos(soz)— sin(sa)] + Z[cos(sa)- M -x, D,,_D_s]+cos(Da)-Re(n -1)

5=0 s=1

- sin(Da) Im(n — 1) + Mx2pn-D;

2) Imy(n)= 4- Z cos sa)+ sm sa)] Z[sm sa M X3 D s]+s1n(Doc) Re(n-1)

s=1
+ cos(Da) Im(n —1);
(3) Re(n) = SAT[Rei(n)];
(4) Im(n) = SAT[Im;(n)];
(S)Rex(n)= A4- Z cos( sax) —sin( sot) + ZD: cos(sa )M - x2Dn_s]+cos(Da) Re(n)

5=0 s=1

- sin(Da)-Im(n) + M-x2p,; and

(6) Imy(n) = A- i [cos(sax) +sin(ser)] + i [sin(s@)- M - x,,_, |+sin(Da)Re(n)

+ cos(Da)-Im(n);
(7) Re(n) = SAT[Rea(n)];
(8) Im(n) = SAT[Imy(n)]; and
(c) P(F) = Re(N/2D)? + Im(N/2D)?, where Re(n), Re1(n), Rex(n), Im(x), Im(r), and

Imy(n) are storage variables, s is a counting variable, 4 is an additive correction, M isa
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normalization factor, SAT[ ] is a saturation function, and a is 2nF/Fs, where Fy is a sampling

frequency for the data frame.

13. The DSP of claim 1, wherein the DSP performs the silence detection for an N-sample data

frame.

14, The DSP of claim 13, wherein the filtering uses the filter equation below:
z,=A-(1+ Bo+ By +...+ Bp.) + Bo(xn - Xp-2) + B1(Xpe1 - ¥53) + Ba(Xs2 - Xpa) + ... + Bpa(xn.
D3 - Xp-p-5) + Bpazu.pra + Bp.'zn-pr1, where 4 is an additive correction, B; is the ith

multiplicative factor, x; is the ith sample of the data frame, and z, is the filter output.

15. The DSP of claim 14, wherein:
(a) Bo = By;
(b) Bi=A1'By; and
(c) fori=2to D-3

B;=A;-B;.1 + AxB,;, where A; and B; are multiplicative factors.

16. The DSP of claim 15, wherein By is about 0.825, A; is about -0.16, and A, is
about -0.6499.

17. The DSP of claim 13, wherein the DSP comprises at least four ALUs and silence
detection comprises performing the filtering operations below forn=2,4, 6, ..., N:

(1D gn=4;

@) gn-1=4;

(3) gn = gn—Boxna2;

4) gn-1 = gn1 —Boxps;

(5) read x,,.; and x;,;

(6) 4n = gn+ Boxn;

(7) gn-1 = gn1 + Boxyt;

(8) 25 = gn;

(%) zn1= Gt

(10) z, =z, + Ayz,.;

(11) zy =z, + A122p3;
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(12) zp1 = zp1 + A2'Zns;

(13) zu = zp + Ar142Zn2;

(14) zy.1 = 2zp1 + Ar'2p2; and

(15) write z,.; and z,, where z is an output of the silence detection, g is storage variable,
A is an additive correction, k and # are counting variables, Bo, Aj, and A, are multiplicative

factors, A}, represents Aj-Ay, and Aj.1+2 represents AprAj + Ag.

18. The DSP of claim 17, wherein the DSP is adapted to perform:
(a) operations (1), (2)s, (8)s-2> (9)s-2> (11)s-4, (12)s.4 in parallel and in one clock cycle;
(b) operations (3)s, (4)s, (5)s> (13)s-4, (14),.4 in parallel and in one clock cycle; and
(c) operations (6)s.2, (7)s.2, (10)s.2, (15)s-4 in parallel and in one clock cycle, where the
subscript indices s, s-2, and s-4 correspond to values of » for which the corresponding

operation is performed.

19. The DSP of claim 13, wherein the DSP performs the tone detection for the data frame.
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