
AN ACCURATE DTMF DECODER BASED ON THE LOW-COMPLEXITY GOERTZEL ALGORITHM, APRIL, 2001 1

An accurate Dual Tone Multiple Frequency
Detector based on the low-complexity Goertzel

algorithm
Fotis E. Andritsopoulos, Newton Bomeisel Cardoso, Gregory A. Doumenis, Yannis M. Mitsos,

Lambros E. Sarakis
E-mail: fandrit@telecom.ntua.gr, newton@cpqd.com.br, {Gregory.Doumenis,

Yannis.Mitsos}@gdt.gr, ls6@telecom.ntua.gr

Abstract—This article presents a low complexity dual tone
multiple frequency (DTMF) signal detector that meets the
International Telecommunication Union (ITU) Q.24 DTMF
standard while implemented on a general purpose Digital
Signal Processor (DSP). The proposed DTMF detector is
based on the Goertzel algorithms and is well suited for a
multichannel implementation. Our solution offers increased
accuracy and noise margins, while preserving the inherited
advantages of the Goertzel algorithm (less memory require-
ments and computational complexity).
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I. Introduction

DUAL Tone Multiple Frequency (DTMF) signaling [1]
is used in telephone dialing, digital answer machines,

interactive banking systems and in-band end to end PSTN
signaling in general. DTMF signaling represents each sym-
bol on a telephone touch-tone keypad (0-9,*,#) as a con-
junction of two sinusoidal tones, as shown in Figure 1.
When a key is pressed, a DTMF signal consisting of a
row frequency tone plus a column frequency tone is trans-
mited. Keys A-D are not on commercial telephone sets,
but are used in military and radio signaling applications.
The purpose of DTMF decoding is to detect DTMF en-
coded sinusoidal signals in the presence of noise. There is
plethora of cost effective integrated circuits on the market
that does this quite well. In many cases, the DTMF de-
coder IC[2] interfaces with a microcontroller implementing
control and management functions. In such implementa-
tions the signal processing associated with the decoding is
usually beyond the scope of the microcontroller’s capabil-
ities. So the designer must use the dedicated IC, or al-
ternatively must upgrade the microcontroller to a digital
signal processor (DSP), capable of performing the DTMF
decoding in S/W. The latter implementation is cost ef-
fective because it reduces the overall component count (by
eliminating the DTMF decoder IC). The detector presented
in this paper implements a methodology based on the well-
known Goertzel algorithm[3], providing an efficient way to
implement a DTMF detector and decoder. Other imple-
mentations are also possible (e.g. DFT [4], NDFT[5]), but
an implementation of the Goertzel algorithm with suitably
modified filter coefficients has been tested and turned out
to perform well in such applications, still requiring much

less computational and memory resources. Existing imple-
mentation, however, suffers from reduced center frequency
accuracy, often resulting into marginal conformance to the
standards [1], [9]. Our approach improves both the detec-
tion accuracy and noise margin, thus producing a totally
conformant solution.

The work presented on this paper is joint international
applied research between the National Technical University
of Athens (Greece), GDT (Greece) and CPqD Foundation
(Brasil).

The paper provides an introduction to the algorithm, a
description of the proposed S/W structure, an estimation
of actual complexity, program and data memory usage and
finally flexible test scenarios. The proposed DTMF detec-
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Fig. 1. DTMF scheme for touch-tone dialing. When a key is pressed,
two sinusoids at the row and column are added together.

tor has been implemented on a TMS320VC54021 DSP from
Texas Instruments. For each input sample, the detector re-
quires O(M) multiplications and O(M) additions for every
M samples[6]. The proposed detector uses less than 1.5K
words of program memory, O(n) of DATA MEMORY and

1TMS320VC5402 is a low-power 16-bit fixed point DSP tailored to
such kind of telecommunication applications. It operates at 100MHz
offering maximum 100MIPS.
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less than O(n) MIPS. The factor n stands for number of
simultaneous channels.

II. Proposed method

The DTMF tone detector has been implemented on the
TMS320VC5402-100MHz DSP. The sampled data, as they are
acquired from the A/D converter, are forwarded to the DSP
via its serial port. The DSP executes the main algorithm
in order to determine if the sampled data represent a valid
tone.

The Goertzel algorithm is more efficient than the Fast
Fourier Transform in computing an N -point DFT, if less
than 2log2N DFT coefficients are required[7]. In DTMF
detection, we only need 8 instead of, for example, 128 DFT
coefficients to detect the 8 possible tones, and then apply
decision logic to choose the strongest touch-tone. Since
DTMF signals do not encompass second harmonics, we
must compute another 8 DFT coefficients for the second
harmonics to detect the presence of speech or music (in-
stead of valid DTMF signalling).

The Goertzel algorithm acts as an IIR filter that uses
the feedback path to generate a very high Q bandpass fil-
ter where the coefficients are easily generated from the re-
quired center frequency. The most common configuration
for using this technique is to measure the signal energy be-
fore and after the filter and to compare the two. If the
measurements are similar, then the input signal is centered
in the pass-band; if the output energy is significantly lower
than the input energy then the signal is outside the pass
band. The Goertzel algorithm is most commonly imple-
mented as a second order recursive IIR filter, as shown in
Figure 2. The Goertzel algorithm computes the k−th DFT
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Fig. 2. Direct-Form Realization of the Goertzel Algorithm

coefficient of the input signal x[n] using the second-order
filter

sk[n] = x[n] + 2cos(
2kπ

N
)sk[n− 1]− sk[n− 2] (1)

yk[n] = sk[n]−W k
Nsk[n− 1] (2)

k = N ∗ fdtmf

fsample
(3)

DTMF k
697 9
770 10
852 11
941 12
1209 16
1336 17
1477 19
1633 21

TABLE I

Frequencies and Filter Coefficients for N = 102 assuming k

integer

DTMF k DTMF k DTMF k
697 8.88 697+T 9.05 697-T 8.73
770 9.82 770+T 9.99 770-T 9.64
852 10.86 852+T 11.05 852-T 10.67
941 12.00 941+T 12.2 941-T 11.79
1209 15.42 1209+T 15.67 1209-T 15.16
1336 17.03 1336+T 17.32 1336-T 16.75
1477 18.83 1477+T 19.14 1477-T 18.52
1633 20.82 1633+T 21.16 1633-T 20.48

TABLE II

Frequencies and Filter Coefficients for N = 102 proposed by

this implementation

where x[n] is the input signal, y[n] is the output signal,
fsample is the sampling frequency, fdtmf is the DTMF fre-
quency,

W k
N = −e−j2 kπ

N , sk[−2] = sk[−1] = 0. The k-th DFT
coefficient is produced after the filter has processed N sam-
ples: X[k] = yk[n] |n=N

The key in an implementation is to run sk[n] for N sam-
ples and then evaluate yk[n] . The computation for sk[n]
takes one add (x[n]−sk[n−2]) and one multiply-accumulate
per sample. In DTMF detection, we are only concerned
with the power of the k-th coefficient, yk[N ]y∗k[N ].

Table I illustrates the coefficients needed for the com-
putation of the DFT, as they are used by other imple-
mentations[8]. To be able to meet the acceptable band-
width specifications[9] a modification of the algorithm de-
parts from the true DFT and tunes frequencies exactly with
the DTMF tone frequencies. Furthermore, we have calcu-
lated the values of the k for the acceptable tolerance of
T = 1.5% + 2Hz (presented in Table II).

Table II also provides the values of ks for detecting fre-
quencies which depart from the center frequency by an ac-
ceptable amount of ±(1.5%+2Hz)[9] (Figure 3). The out-
puts of the Goertzel filters for these frequencies will be used
to achieve a specified recognition bandwidth. According to
the specifications the reverse bandwidth (RBW) for posi-
tive deviation from the center frequency should be between
1.5% + 2Hz and 3.5%, and for negative deviation between
1.5%− 2Hz and 3.5%.
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Fig. 3. Two additional measurement point for increased accuracy

III. Implementation structure

The proposed DTMF detector has been modeled and
verified on Matlab c© and has been implemented and ver-
ified on the TMS320VC5402 Texas Instruments DSP. In
this section we present the implementation.

The incoming digital data fill a buffer of N octets. The
actual size of the buffer is determined by the strictness of
the test specifications; a value of N = 102 is a good balance
between computational complexity and accuracy [10]. De-
termining the coefficients’ value for a given tone frequency
involves a trade-off between accuracy and detection time.
These parameters are dependent on the value choosen for
N . If N is very large, resolution in the frequency domain is
very good but the length of time between output samples
increases because the feedback phase of the Goertzel al-
gorithm is executed N times before the feedforward phase
is executed once. Once the buffer is full, the DSP task
scheduler initiates the DTMF detection process.

An abstracted flowchart of the DTMF implementation is
depicted in Figure 4. First, the content of the input data
buffer is copied into an intermediate buffer for processing
(double buffering). In this way there are no lost samples.
The detection functions will then operate on the intermedi-
ate buffer; the input buffer is still capturing data (interrupt
based). The gain control function attenuates strong input
signals and protects the next functions from numeric over-
flows.

Next, the Goertzel filters are executed. Since the preced-
ing gain control ensures that overflow cannot occur, over-
flow checking is removed and optimized loops allow fast
execution. The outputs of the Goertzel function are the
delay states of the 16 filters, which are collected in an array.
On completion of the Goertzel function, the DTMF digit
validation checks are invoked. The spectral information is
computed from the filter delay states and collected in an
energy template. For the next round of execution, the filter
delay states are initialized to zero. The energy template is
then searched for row and column energy peaks.

¿From then on, the detector essentially operates in two
modes: the tone/digit detection mode or the pause detec-
tion mode. In the tone/digit detection mode, the detector
searches for a second time for DTMF tone presence and
executes all the digit validation tests. If the detected digit
is the same that the previous one the digit information is

stable. In the pause detection mode, DTMF tone detection
is disabled and the decoder first has to await for a pause
signal. With the successful completion of the digit valida-
tion tests, the valid digit (if any) is stored into the digit
output buffer.

The implementation steps are presented in figures 5, 6.

Initialization

RET

Begin Algorithm

Gain Control Attenuate

Strong Signals

Goertzel Filters for 1st

Harmonics

Digital Validation

Checks
1

Pointer to the

input data buffer

(102 samples)

Fig. 4. Flowchart of the DTMF Decoder Implementation (1 of 5)

The gain control function attenuates strong signal inputs
and protects the next functions from accumulator over-
flows. The attenuation factor takes into account the energy
of the signal as derived from the sum of the discrete square
values. Thus, the energy of the real sequence x(n) is equal
to:

E =
k=n∑

k=0

|x[k]|2

In the next step, the 8 center DTMF frequencies must
be investigated. For this purpose we execute 8 Goertzel
algorithms with the parameters defined in Table II. Each
Goertzel algorithm returns the value of the estimated en-
ergy for a particular frequency. It thus combines the re-
cursive algorithm for implementing the Goertzel filter and
the energy computation. Next, the outputs of the Goertzel
algorithm functions are scanned and the 2 maximum out-
puts (one from the lower frequency band and one from the
upper band) are collected. If it is necessary (depends on
the test data), 2 more algorithms can be added to test the
presence of second harmonics (i.e. differentiate speech from
DTMF).

For the frequencies that produce these maximum out-
puts, 2 additional Goertzel algorithms (for each one) are
executed. The Goertzel algorithms use the coefficients de-
fined in table I in the 4th and 6th columns. Each check
searches for signals in the bounds of the acceptable fre-
quency range (+1.5% + 2Hz and −1.5%− 2Hz). The out-
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puts at these frequencies provide information regarding the
placement of the signal’s center frequency with respect to
the specified RBW. If the ratio of these two outputs for
each frequency is within a certain range we conclude that
the DTMF frequencies obey the specified recognition band-
width and we continue with further checks.
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Fig. 5. Flowchart of the DTMF Decoder Implementation (2 & 3 of
5)

It is a challenging task to estimate the power of each
DTMF frequency. If the input signal contains an exact
pair of DTMF frequencies, then the output of the Goertzel
algorithm represents its power. Besides that, the DTMF
decoder must also tolerate the presence of a dial tone of
maximum power of -3dBm. For central office applications,
the input signal passes through a 300 Hz notch filter to
suppress dial tone interference from the 350 Hz and 440 Hz
dial tone frequencies. A dial tone suppressor is common
in DTMF decoder ICs[2] but it is not required by DTMF
standards. Such a strong signal adds a significant amount
of power especially to the low-band DTMF frequencies 697,
770, 852 and 941Hz. The strength of the dial tone is in-
vestigated through an appropriately tuned Goertzel filter.
The amount of interference is subtracted from the power
of the low-band DTMF frequencies. If one frequency de-
parts from the exact DTMF frequency, estimation is given
by its power. If the signal contained only two frequencies,

its power would be the sum of the frequencies’ power. In
this way we come up with an estimation of the ratio of the
DTMF tone energy and the signal energy.

Update digit
detection sequence,
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Fig. 6. Flowchart of the DTMF Decoder Implementation (4 & 5 of
5)

The amplitude, twist and relative peak checks are per-
formed to guarantee conformance with the specifications[9].
Then, the estimated energy is subtracted from the energy
of the signal. A large value of this difference denotes that
considerably large power lies somewhere in the signal spec-
trum, outside the DTMF signals. If the signal passes all
checks the corresponding DTMF digit is stored in a buffer
and is described as a candidate for a valid digit.

To ensure a minimum tone duration of 50ms[9], the
same algorithm must run on 4 consecutive input buffers
(4∗102/8000 = 4∗12.75ms = 51ms) before we decide on a
valid tone. If the same tone (corresponding to a valid pair
of DTMF frequencies) is detected 4 times in a raw, we con-
clude that the corresponding digit has valid tone duration
and does not have to be detected again inside the duration
of the digit. However, in order to compensate for a signal
interruption (max. 10ms) we allow for the possibility of
one failure in these four tests (Figure 7).

Figure 7 illustrates several different cases that can occur
in the detection sequence, prior to digit validation. It is
a common case that the tone is not present for the whole
duration of an input buffer, especially at the beginning
(or/and the end) of the DTMF tone active period. In this
case, the energy of the DTMF tone that will be detected by
the Goertzel algorithm will be less than the energy that will
be detected for the same tone in the next buffer, assuming
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Fig. 7. Several detection sequences

no signal interruption. If the tone has a power level of -
A dBm and is present for the half duration of a buffer, it
will be detected as a tone having a power level of -(A+3)
dBm. This is not a problem even if A=25 dBm, since the
dynamic range of the detected tone must be >25dB. The
last case in Figure 7 shows why two consecutive OKs can
not guarantee the minimum tone duration.

When no DTMF tone is detected, it is assumed that ei-
ther the digit goes into the pause period (digit validation
pending) or that the signal has been interrupted. To ensure
the minimum pause duration of 50ms, the algorithm should
not detect a valid DTMF tone inside the next three input
buffers. Then, if the down-counter for the digit minimum
duration (120ms) is not zero (when zero, the pause dura-
tion criterion has been achieved), the algorithm should not
detect a valid tone until the counter is zeroed. After that,
the digit is finally validated. This counter gets an initial
value of 9 or 10 (10.120ms/12.75ms) after the first detection
of a valid DTMF tone (not digit) following a pause period.
It is decreased by one after the completion of the detection
algorithm and before the processing of a new buffer begins.

The algorithm illustrated in Figures 4, 5 and 6 passes
through all necessary steps for a digit acceptance, including

MODULE C PROGRAM DATA
NAME FUNCTION MEMORY MEMORY

n channels
DTMF C-overhead < 1.5k Approx.
Decoder Gain Control 260n + 100

(buffered) Goertzel-DFT
DTMF checks

HW/SW ISRs inits < 500 -
Initialiazation C-environment

I/O
TOTAL < 2.0k 260n + 100

TABLE III

Memory requirements

duration validation checks according to the specifications.
These tests are mainly implemented in steps 3 and 4. If
there is no need for duration validation checks, the algo-
rithm as implemented in Figures 4 and 5 is sufficient. Then,
step 3 can be replaced by a function that places a pause
indication (e.g. the value -1) in a circular buffer containing
the history of the detection sequence. Similarly, step 4 can
be replaced by a function that places a digit indication (e.g.
the value 6 for the digit 6 and the value 10 for the digit A)
in the same circular buffer. Assuming a buffer of 100 words
we can retain a history of 100 detected signals representing
valid tones and pauses (e.g. PP555555PPPP777777P. . . ).
In this way the algorithm only detects tones. The exter-
nal digit validation routine will use the circular buffer and
the pointer representing the last input, and decides on the
presence of a digit.

IV. Performance evaluation

The memory and processing requirements are summa-
rized in Table III and Table IV. The values are slightly
larger than those presented in [8]. This is mainly due to
the fact that two additional Goertzel algorithms are exe-
cuted for every one of the two outstanding frequencies and
one Goertzel algorithm is executed for the dial tone. This
fact increases the processing required for the Goertzel-DFT
by 31%. It also increases the MIPS for the DTMF checks.
The program memory is also increased due to the code for
the additional 2 ∗ 8 + 1 = 17 Goertzel algorithms. It is
assumed that all eight Goertzel algorithms are executed
for the second harmonics. If eventually the tone validation
routine needs only two of them, the figure for the MIPS of
the Goertzel-DFT routine can be decreased. Thus, the de-
signer is presented with the option to integrate a low com-
plexity function (where processing resources are scarce),
or to integrate a highly capable functions (where accuracy
and conformance to the standards are imperative).

The following table summarizes the performance of the
algorithm as it is implemented in Matlab. Deviations are
expected due to the finite precision of the computations in
the embedded host (in contrast with the almost ”infinite”
precision of the computations in Matlab). Attention has
been paid to derive a recognition bandwidth that is close
to the specifications. This RBW can be made looser or
tighter simply by changing the appropriate parameters in



AN ACCURATE DTMF DECODER BASED ON THE LOW-COMPLEXITY GOERTZEL ALGORITHM, APRIL, 2001 6

MODULE C MAX MIPS
NAME FUNCTION CYCLES per 102

n channels samples
DTMF C-overhead < n200 < n0.016
Decoder Gain Control < n1000 < n0.08

(buffered) Goertzel-DFT < n12000 < n0.94
DTMF checks n ∗ 1000 n ∗ 0.08

HW/SW ISRs inits - -
Initialiazation C-environment

I/O
TOTAL < n14200 < n1.12

TABLE IV

Processing requirements

Bandwidth test Frequency RBW%
Specification T < |RBW | < 3.5%

697 2.6%
770 2.4%
852 2.8%
941 2.7%
1209 2.8%
1336 2.5%
1477 2.5%
1633 2.1%

Twist test STD Twist REV Twist
Specification < 4dB < 6dB

All digits < 5dB < 7dB
DR test DYN Range

Specification > 25dB
All digits > 25dB

TABLE V

Test results

where, T = 1.5% + 2Hz.

the RBW check routine. The noise threshold has been set
to -24dBV and neither dial tone nor any other interference
(e.g. speech) is present. The following 3-D figure illustrates
the results of the bandwidth test for the digit 3 (assuming
the presence of white noise) with power of the low frequency
equal to -24dBm, power of the high frequency equal to -
28dBm and a standard twist equal to 3dB.

Fig. 8. Test results for the RBW of digit 3

The z-axis represents the output of the detection algo-

rithm, which returns the value -1 for no valid digit and the
value 3 for the detected digit 3. The x and y axis represent
deviations from the DTMF frequencies 697Hz and 1477Hz
respectively. The value 0 on the x-axis corresponds to a
signal having a low frequency component at 697 - 4%. The
value 80 on the x-axis corresponds to a signal having a low
frequency component at 697 + 4%. The value 40 corre-
sponds to the exact DTMF frequency at 697Hz. The same
scaling holds also for the y-axis.

V. Conclusions

In this paper a robust implementation of a DTMF de-
coder was presented. There is plethora of algorithms for
DTMF decoding. Still, most of them requires significant
computacional power as well as memory, to be executed.
The Goertzel algorithm gives an alternative to the latter
problems by implementing an IIR filter for the centered
DTMF frequencies to be detected instead of examining the
whole spectrum. The advantage of our implementation is
the significant accuracy provided. Whenever a frequency is
detected, two additional Goertzel algorithms are executed
in the frequencies −(1.5%+2Hz) and +(1.5%+2Hz). The
overhead, caused by the extra computations, was calcu-
lated to be ≈ 0.2 MIPS per channel. Thus, for 32 channels
an accumulative overhead of 6 MIPS is introduced. Fur-
thermore in our approach, a function for the Dial-Tone fre-
quency tracing is proposed to provide even better detection
results. The latter is not needed in case where notch filters
are used for the suppression of the Dial-Tone frequency.

The results of this implementation have been calculated
using Matlab c© and verified on a test board. The decoder
is fully-compliant with the specifications of the ITU-T.
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