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Abstract

The following methods are proposed for implementing digital dual tone multi-frequency
(DTMF) receiver: using infinite impulse response (IIR) digital filters, period-counting algorithm,
discrete Fourier transform (DFT), and fastFourier transform (FFT) [2].

The PARCOR (Partial Correlation) analysis method which has been widly used in the speech
signal processing area is applied to the dual tone multi-frequency (DTMF) signal detection.
This method is easy to implement digitally and stronger to digit simulation of speech than any
other methods proposed up to date. Since sampling rate of 4 KHz is used in the DTMF receiver
for the detection of input DTMF signal originally sampled at 8 KHz, it effects two times higher
multiplexing efficiency.

I. Introduction facture and maintenance. Especially for dual

tone multi-frequency (DTMF) receiver which

Digital devices superiority over analog de- must satisfy severe specifications, it is attrac-

vices has been recognized with advances in large
scale integration (LSI) and digital signal proces-
sing technologies. Digitalization has the effect
of making a device small and of simple manu-
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tive that aging degradations become negligible
when it is digitalized.

In the following, this paper describes results
of studies on all-digital DTMF receiver for push-
button service using partial correlation
(PARCOR) analysis method, which has been
successfully applied to speech signal processing
area.

Pushbutton service is a voice (or in-band)
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frequency signaling system in which any one of
16 digits may be transmitted by simultaneously
sending two tones. The frequency of one of
the tones may be either 697,770,852, or 941
Hz (called the low frequency group) and the
frequency of the other tone 1209, 1336, 1447,
or 1633 Hz (called the high frequency group).
The receiver must tolerate frequency shifts in
the transmitter, operate over a wide dynamic
range in the presence of noise, and be insensi-

tive to speech (digit simulation),

II. Digital DTMF Receiver Algorithm Using
PARCOR Analysis

1. PARCOR Analysis [5]-[6]

If input signal is a pure sinusoidal signal

f(nT) = amsin (27fnT), (n
its autocorrelation function is
v(nT) = am/2 cos (2rfnT). 2)

From this result we can obtain PARCOR
(Partial Correlation) coefficients

w(T)
1 = = cos (2nfT), |k, | <1, (3)
v(0)
< V(O)V(2T)—w(T)?
2 W0 —u(T)?
cos(4nfT) ~cosz(21rf1‘)
= =-1 @

1 —cosz(27rf'1“)

And the normalized residual energy can be
written as

en=(1-k;2) (1-k; %) = 0. (5)
That is, a pure sinusoidal signal can be differ-
entiated from the speech signal using k, x—1
or en=0 and its frequency is identified using the
distribution of k [3].

Now we describe the method how we can
obtain the PARCOR coefficients k; and k, for
each group signaling frequency from the input
DTMF signal. Since PARCOR analysis is done
block by block like finite impulse response
(FIR) digital filtering, not sample by sample

(197)
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like infinite impulse response (IIR) digital filter-
ing, it requires a buffer to save a block of data
(frame).

At first, the input DTMF signal must be ex-
panded to the linear code used in the DTMF
receiver and saved in the buffer. According to
u-255 encoding law, 4-255 pulse coded modula-
tion (PCM) corresponds to 14 bits linear code,
Then the data in the buffer are weighted by 64-
point Hamming window, and its power spec-
trum is obtained by fast Fourier transform
(FFT) method. Low group signaling frequency
band is selected around between 11 (about 698
Hz) and 18 (about 1143 Hz) and high group
signaling frequency band around between 19
(about 1206 Hz) and 29 (about 1841 Hz).
Therefore dial tone band is rejected as a result
since the frequencies of dial tone are 350 Hz
and 440 Hz in our country., And their auto-
correlation coefficients v(0), v(T) and v(2T) are
obtained by discrete cosine transform (DCT)
That is, the inverse FFT of power spectrum is
by definition autocorrelation coefficients

N—1 .
v(nT) = 1/N T | X(k) |? J27kn/N,
k=0

0=<n<(N-1), (6)

and if we use the symmetry property of power
spectrum

| X(k) =] X(N-K)[?, (7
we can obtain the DCT formula
N/2
D) = 1N X P+ 2 2 | X
cos 2nkn/N) + (=1 | X(N/ 2) %1,
0<n<(N-1), (8)

where | X(k)|? is the power spectrum in each
selected signaling frequency band. And finally,
we can get PARCOR coefficients by using
equations (3) and (4).

Since it is required that the DTMF receiver
should respond in between 24 ms to 40 ms as
shown in Table 1, the required frame length
must be below 20 ms (80 samples for 4 KHz
sampling rate). At most cases, we select one of
exact powers of two as the number of data in
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a frame when we use FFT algorithm, we choose
64 as the frame length since it is the maximum
power of two below 80. The flow chart of
implementation is shown in Fig. 1.

reset buffer pointer

get 1 sample and convert it to linear code
store it in the buffer
increment buffer pointer

|
check the buffer is full

yes
weigt the data in the buffer by Hamming window

obtain its power spectrum by FFT algorithm
separate each group signaling frequency band

obtain each group autocorrealtion coefficients

v{0), W1} and v2) by DCT algorithm
calculate k, and k, for each signaling group band
calculate en for each signaling group band

and k,

check if en = 0
1o

—1 for both signaling group bands

yes
check if k is in the allowable range
for each signaling group band

no

yes
decode two signaling frequencies

analyze next frame

Fig. 1. Flow Chart of DTMF receiver

implementation.

2. Sampling Frequency

PARCOR coefficients are obtained from the
autocorrelation coefficients as we saw in sec-
tion 2.1. It means that the autocorrelation
coefficients must be high sensitive to the
signaling frequencies for the PARCOR coeffi-
cients to be so.

For a pure sinusoidal signal amsin(21rft),
the normalized autocorrelation coefficient is
d(t)=cos(2nft) and thus we can see that it is
most sensitive to the frequency f satisfying
2nft=m/2 where its derivative is zero. Since the
signaling frequencies are around 1 KHz and be-
low 2 KHz, sampling frequency is f0=1/t=4

(198)
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KHz if we use average frequency f=favg=1 KHz.

Since input DTMF signal was originally
sampled at the frequency of 8 KHz and it is
down-sampled to 4KHz sampling rate for de-
tection in the DTMF receiver, the 2 to 4 KHz
band is aliased to the 2 KHz to 0 Hz band by
the 2 to 1 reduction in sampling rate. It effects
two times higher multiplexing efficiency and
prevents speech signals from being detected to
be DTMF signals (digit simulation) more prefer-
ably due to the aliasing effect.

3. Computation of Power Spectra

The main use of the fast Fourier transform
(FFT) is to compute power spectra. Frequent-
ly the local library package requires an exact
power of two for the number of data points,
and usually you do not have that many. And
even if you do have exactly the right number,
remember that the Fourier expansion implies
that the function is periodic; if there is a
significant difference between the starting
values and the ending values, there will be a
discontinuity in the function and you will see
the effect that discontinuity in the spectrum.

Conventional wisdom these days suggests
first removing the mean of the data and then
using the set of weights

w(k) = 1/2 { 14cos(mk/N1)t, 0<k < (N1-1)

%)

on the data, where N1 is about 10% of the data
that you have. This operation produces a taper
at the starting end. A similar (but reversed)
sequence of weights at the other end produces
a second taper. Then you can pad out the rest
with zeros. Thus the flat part of the window is
more than about 80% of the data, and there are
no sharp corners in the data going into the
FFT. Whether you pad at both ends or only
one end of the data is a matter of phase shift
only.

If you have exactly the right amount of data
and merely face a discontinuity around ends, a
taper of about 10% of the data to smooth the
transition is suitable [1].

In this paper, Hamming window is used to
taper out the transitions around ends, that is,
for N even,
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w(k) = 0.5440.46c0s {2nk/(N-1)t,
—(N-1)/2<k<(N-1)/2, (10)

and for N odd,

w(k) = 0.54+0.46¢0s {2m(2k+1)/2(N- 11,
—(N/2) Sk <(N/2-1). (11)

IIl. DTMF Receiver Requirements

For use in PABX or central office applica-
tions, there are requirements that a DTMF
receiver must meet. These are shown in Tables
1 and 2 and have been influenced greatly by
CCITT recommendations [4].

While most of the criteria in Tables 1 and 2
can easily be met individually, it becomes more
difficult to meet them collectively [2].

Table 1, System requirements.
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results of each stage on the IBM PC/XT graphic
display for varying input parameters: low group
signaling frequency, high group signaling fre-
quency, signal level, dial tone level, gaussian
noise level, frequency deviation, twist, etc.

In Table 3 are shown results of k, parameter
distribution obtained by computer simulation,
which are the average values over the 32 frames
for each signaling frequency deviated by +2.4%
from its nominal frequency without gaussian
noise.

Table3. Distribution of k, parameters.

Signaling Frequency Allowable Range of k,

Nominal Frequencies
697,770, 852, 941Hz
1209, 1336, 1477, 1633Hz

Low Frequency Group
High Frequency Group

697H2 0. 4340472~0. 4803848
770Hz 0. 32547440, 3800102
852Hz 0. 1986982~0. 2613614
941Hz 0. 05732099 ~0. 1274292
1209Hz 0. 3650256 ~ — 0. 2789645
1336Hz 0. 5458455~ —0. 4590502
1477Hz —0. 7196066 ~ —0, 6383145
1633Hz ~0. 8690504~ ~ 0. 8017178

Allowable Frequency Deviation —2.0%~2.0%

from the Nominal value

q};allowable Frequency Deviation <-2.8%
from the Nominal value > 2.8
Allowable Signal Level —3dBm~ —24dBm
Unallowable Signal Level < —29dBm
Allowable Level Difference + 15dB
between Two Tones (Twist)
Responce Time 24~40ms

Table2. Timing requirements

DTMF receiver must
1) detect proper DTMF signal if their duration is 40ms or longer.
2) not detect two pairs whose duration is 20ms or less.
3) detect as wwo separate DTMF signals any separation of valid
tone pairs which is 35ms or greater.
4) not detect as two distinct DTMF  signals if the separation

of wvalid tone pairs is 5ms or less.

IV. Simulation and Results

We investigated by computer simulation that
the designed receiver met the requirements of
CCITT recommendations, by displaying the

Fig. 2 to 7 show the output results for the
following input parameters: low group signaling
frequency = 697 Hz, high group signaling fre-
quency = 1209 Hz, low group signal level = —10
dBm, high group signal level = —10 dBm, dial
tone level = —15 dBm, gaussian noise level =
—30 dBm (SNR =23 dB), frequency deviation
= 0%, simulation interval = 0 ~ 500 ms, data
interval = 100 ~400 ms, and so on. The ampli-
tudes are normalized to their maximum value in
Fig. 2.

-1
0 500 (ms)

Fig. 2. Input DTMF signal

(horizontal=16ms, vertical=0.1v)

0.5

0
0 500 (ms)

Fig. 3. Normalized residual energy
(horizontal=16ms, vertical=0. 05)
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Fig 6. Detected result for low group frequency
(horizontal= 16ms)
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Fig 7. Detected result for high group frequency
(horizontal=16ms)
V. Conclusions
In this paper, we have studied an all-digital
DTMF receiver using PARCOR analysis

method. According to simulation results, the
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designed receiver meets all the requirements of
CCITT recommendations and it is expscted
that these results can be used without any
modifications in implementing with available
general-purpose microprocessors or digital
signal processors (DSP) large scale integration
(LSI).

This method is easy to implement digitally
and stronger to digit simulation of speech than
any other methods proposed up to now. And it
effects two times higher multiplexing efficiency.
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