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Abstract—A novel forensic tool used for assessing the authen-
ticity of digital audio recordings is known as the electric network
frequency (ENF) criterion. It involves extracting the embedded
power line (utility) frequency from said recordings andmatching it
to a known database to verify the time the recording wasmade, and
its authenticity. In this paper, a nonparametric, adaptive, and high
resolution technique, known as the time-recursive iterative adap-
tive approach, is presented as a tool for the extraction of the ENF
from digital audio recordings. A comparison is made between this
data dependent (adaptive) filter and the conventional short-time
Fourier transform (STFT). Results show that the adaptive algo-
rithm improves the ENF estimation accuracy in the presence of
interference from other signals. To further enhance the ENF esti-
mation accuracy, a frequency tracking method based on dynamic
programming will be proposed. The algorithm uses the knowledge
that the ENF is varying slowly with time to estimate with high ac-
curacy the frequency present in the recording.

Index Terms—Audio forensics, dynamic programming, electric
network frequency (ENF) criterion, iterative adaptive approach
(IAA).

I. INTRODUCTION

T HE use of digital recorders has become more prevalent in
the world today due to the advancement in digital tech-

nology and the significant progress made in the field of digital
signal processing (DSP). Prior to the increased use of digital
recorders, forensic audio analysis relied on different techniques
of audio authentication. For instance, the magnetic signatures
that are left by the erase, record or play heads on the magnetic
tape of analog recorders can be used to verify the authenticity
of such recordings.
When it comes to digital recordings, alterations can be made

very easily without leaving behind such imprints, because dig-
ital recorders produce a recording by converting sound vari-
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ations to a series of numbers, making authentication of these
recordings a lot more difficult [1]. The importance of being able
to verify the authenticity of a recording can be seen in litigation
cases [2], where digital recordings are brought forward as evi-
dence in a trial. Therefore, more reliable methods of verifying
the authenticity of digital recordings need to be researched.
The electric network frequency (ENF) criterion was proposed

by Grigoras [2], [3] to address the issue of digital audio authen-
tication. The ENF criterion is based on extracting the utility fre-
quency or ENF from a digital audio recording and matching the
extracted frequency estimate to a reference database in order to
determine the authenticity and also time of the digital recording.
This process is possible because, in some cases, digital recorders
(even some battery powered recorders [4]), can pick up the au-
dible sound that is generated by the oscillation of a power grid’s
alternating current at this frequency. The frequency of oscilla-
tion is approximately 60 Hz in the U.S., whereas in Europe it os-
cillates at approximately 50 Hz. The corresponding harmonics
of this frequency might also be present in the digital recording.
The ENF criterion is based on two assumptions [5]. Firstly,

the ENF for interconnected networks is the same at all points
within the network. Secondly, the frequency varies randomly
within a given interconnection, and hence, is not repeatable over
a long period of time.
There are three known methods of extracting the ENF over

time from a digital recording [2], [3]. They are as follows.
1) Time/frequency domain analysis—This method is based on
computing the spectrogram of the signal and visually com-
paring it to the database.

2) Frequency domain analysis—This method is based on
selecting the frequency location corresponding to the
maximum amplitude of the power spectrum of segments
(frames) of the data after applying a bandpass filter.

3) Time domain analysis—This method is based on mea-
suring the zero crossings of the signal in the time domain
after a bandpass filter has been applied to the recording.

Recently in [6], a quadratic interpolation scheme was applied
to the frequency domain analysismethod to estimate the spectral
peak locations (frequencies) more accurately. This reduces the
estimation error resulting from the use of a fixed grid size in the
spectral estimation process.
Besides the time-domain analysis, the mentioned methods es-

timate the ENF based on computing the fast Fourier transform
(FFT) of overlapping segments (frames) of the data known as
the short-time Fourier transform (STFT), which is limited by the
tradeoff between time resolution and frequency resolution [7].
Parametric methods such as the frequency selective ESPRIT,
which give superior resolution compared to the FFT, can also be
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TABLE I
NOTATIONS

used successfully to extract the ENF from one frame to another.
However, in the presence of significant interference within a
given frame, the parametric methods yield poor frequency es-
timates because of their sensitivity to an assumed data model.
This paper focuses on two methods of extraction. The first

builds upon the frequency domain analysis with quadratic in-
terpolation. However, in place of the FFT, the spectrum is esti-
mated for each segment of the data using a nonparametric and
high resolution adaptive algorithm known as the iterative adap-
tive approach (IAA) [8]. In the presence of interfering signals
with frequencies within the range of values the ENF can take
on, IAA yields more accurate estimates of the ENF compared
to the FFT as a result of the improved spectral resolution and in-
terference suppression capability. The second method involves
applying a frequency tracking algorithm based on discrete dy-
namic programming [9], which takes into account the slowly
varying nature of the ENF over time. This tracking algorithm
is necessary because, in some frames of the data, the maximum
spectral peak might correspond to an interference signal rather
than the network frequency signal even within the acceptable
ENF limits. The ENF is then estimated inaccurately, which can
result in a false diagnosis that the recording in question has been
edited.
It is worthwhile to point out that, in order for the proposed

methods to work, the ENF must be embedded in the recording,
which is not always the case especially in some battery oper-
ated recorders [4]. This is certainly a drawback of using the ENF
criterion for digital authentication. However, if the ENF is em-
bedded in a digital recording, more reliable methods of extrac-
tion need to be sought.
Extraction can also be carried out using the harmonics of the

ENF signal for the frequency estimation process. In some cases,
the harmonics may give better estimates because of a higher
signal-to-interference-and-noise ratio compared to the funda-
mental frequency.
The remaining sections of this paper are organized as fol-

lows. In Section II, the network characteristics and the network
frequency database are described. In Section III, the IAA and
TRIAA algorithms are described along with the frequency
tracking algorithm for ENF extraction. In Section IV, the ex-
perimental results based on a set of digital audio recordings are
presented. Finally, Section V contains the conclusions drawn
from the results.
Notation: Boldface uppercase and lowercase letters are used

to denote matrices and vectors, respectively. See Table I for
more details on notation.

TABLE II
ABBREVIATIONS

Abbreviations: The abbreviations are presented for easy ref-
erence in Table II.

II. NETWORK FREQUENCY CHARACTERISTICS AND DATABASE

The frequency at which alternating current is distributed to
various customers from power stations corresponds to the utility
frequency or ENF. For European and most Asian countries the
value of this frequency is 50 Hz, while the value is 60 Hz in
North America and several countries in South America. Japan
uses both frequencies (50 and 60 Hz) for electricity distribution.
This frequency is determined by the speed of rotation of the
turbines used to drive the generators at the various power plants
[11]. Naturally, the rotation speed is not constant and varies
within a certain limit (approximately 0.05 Hz) depending
on the amount of load connected to the network and amount
of power generated at a given time. Experiments carried out
in some European countries [2], [12] have shown that this
frequency variation is random and unique within specific
geographic locations. This uniqueness in frequency variation
within a region, coupled with the fact that network frequency
is not repeatable over a long period of time, is what makes the
aforementioned ENF criterion possible.
A database of the network frequency is needed in order to

match the extracted ENF from a recording for verification. In
[2], such a database is created by connecting the sound card of
a computer to a transformer which is then connected directly
to an ac power outlet. The database currently being built in
North America involves deploying several sensors termed fre-
quency disturbance recorders (FDRs), which perform accurate
ENF measurements, up to about 0.0005 Hz. The measured
data collected by the FDRs is transmitted over the internet to
servers, where it can be analyzed and stored in a system termed
the information management system (IMS) [13]. This collection
forms the frequency monitoring network (FNET).
There are two major interconnections in North America and

three minor interconnections. These regions have unsynchro-
nized networks (frequency and phase) and are therefore con-
nected via high voltage direct current lines (HVDC) [14]. The
Eastern and Western interconnections form the major intercon-
nections, while the Quebec, Texas and Alaska interconnections
form the minor. The Alaska interconnection is isolated, in the
sense that it is not connected to any of the other interconnec-
tions. It is therefore generally not considered to be part of the
North American grid. Fig. 1 shows the distribution of the FDRs
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Fig. 1. FDR distribution in North America [10].

in Western, Eastern, Quebec and Texas Interconnections. Fre-
quency measurements collected by the FDRs in these intercon-
nections show that the frequency pattern is different at a given
time from one interconnection to another. However, the fre-
quency pattern is unique at different locations within each inter-
connection [10]. The FNET system, therefore, provides a viable
ENF database.

III. EXTRACTION ALGORITHMS

A. Frequency Domain Analysis (STFT) [2]

Due to the fact that the ENF varies with time, the extrac-
tion process involves analyzing a nonstationary data sequence.
STFT is a common method for time-frequency analysis of sig-
nals. This analysis assumes the signal of interest is stationary
within short time windows (frames); the FFT of the signal is
then computed for each frame. The frequency domain analysis
[2] method of extraction is based on this idea.
The process involves resampling the audio signal to a lower

sampling rate, to reduce the computational complexity of the
analysis. A bandpass filter with a narrow bandwidth is applied
to the signal with center frequency 50/60 Hz as a preprocessing
step. The rest of the analysis is described as follows. Let

(1)

denote the resampled and filtered discrete-time signal. This
signal is then split into overlapping frames as shown in
Fig. 2, with each frame having length and a shift from frame
to frame of length . Using the frequency domain analysis
method, the ENF of the th frame is estimated by finding the
frequency that maximizes the spectrum of each frame which is
computed using the FFT-based periodogram.
In order to get a more accurate estimate of the frequency,

quadratic interpolation is used [6], [15]. This interpolation
scheme involves fitting a quadratic model of the form

(2)

Fig. 2. Segmentation of data for STFT.

around the frequency point that maximizes the power spectrum

(3)

where corresponds to
the frequency grid point of a frequency grid with size , and

is power spectrum of the th frame.
The value of that maximizes the model (2) is taken as

the estimated peak of the spectrum. This value is determined
by fitting the model to the highest sample of the power spec-
trum and the two adjacent points with corresponding frequen-
cies . This value of that maximizes
the model is

(4)

where

(5)

(6)

The corresponding frequency estimate of the th frame in Hz is
given by

(7)

where is the sampling frequency (in Hertz) of the signal.
The use of STFT will result in a tradeoff between frequency

resolution and time resolution. For a given frame length, this
tradeoff can be optimized by applying a rectangular window to
each frame, which will provide the best spectral resolution at a
cost of higher side lobes compared to other spectral windows.
In order to get improved spectral resolution over FFT, one has

to resort to using parametric methods or data-dependent (adap-
tive) nonparametric methods for spectral estimation. Parametric
methods, on the one hand, are not robust against data model er-
rors. On the other hand, nonparametric adaptive methods are
more robust, since they do not assume a specific parametric
data model. Well-known adaptive methods include the Capon
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algorithm and the amplitude and phase estimation (APES) al-
gorithm. These algorithms also provide higher resolution and
lower side lobes than the periodogram. However, these methods
are inadequate because they require multiple realizations (snap-
shots) of the random signal, which is not the case with the cur-
rent data, as only one snapshot is available for frequency esti-
mation. Spatial smoothing (segmenting and spectral averaging
of the data) can be used to improve the spectral estimates of
the Capon and APES algorithms in the one-snapshot case; but
the cost of doing this will be a degradation in the spectral res-
olution, which is not desirable. The wavelet transform is also
a common tool for time-frequency analysis. Contrary to the
STFT, which uses a fixed window size, the wavelet transform
uses short windows at high frequencies and longer windows at
low frequencies. The wavelet transform is therefore not suitable
for our problem because we are interested only in a small range
of frequencies.
IAA is a nonparametric data-dependent algorithm based

on weighted least squares (WLS), originally presented in [8]
for direction of arrival (DOA) estimation in array processing.
The IAA algorithm is capable of yielding high resolution and
low side lobes even in the case of a single snapshot [8], hence
making it suitable for estimating the ENF in the presence of
interferences.

B. IAA and TRIAA

The ENF can be extracted with high accuracy in the presence
of interference using the IAA algorithm for a given frame. The
proposed ENF extraction process follows (2)–(7), with the FFT
spectral estimate replaced by the IAA spectral estimate. The
IAA and TRIAA [16] used for spectral estimation of nonsta-
tionary data will be discussed in this section.
The spectral estimation problem can be setup as follows. Let

denote a uniformly sampled stationary
data sequence and , where

corresponds to a steering
(frequency) vector, and cor-
responds to a frequency grid point of a frequency grid with size
. Also let , with

denoting the complex spectral estimates of at . The fol-
lowing data model can be formulated:

(8)

where the noise contributions of are taken into account im-
plicitly [8].
The IAA algorithm solves for the spectral estimates by

minimizing the following quadratic cost function in (9) using
weighted least squares (WLS):

(9)

where

(10)

(11)

and , with for ,
denoting the power estimate at each frequency grid point, given

by . 1 is the covariance matrix of the data and
is the covariance matrix of the interference and noise, where in-
terference refers to all the signals at frequency grid points other
than the current grid point of interest . Minimizing the cost
function in (9) with respect to the for
gives the following solution:

(12)

The solution in (12) can be rewritten as

(13)

using the Woodbury matrix identity2 and (10). This prevents the
computation of the interference covariance matrix for
each frequency grid point. Note that the computation of
requires the knowledge of and vice versa. Hence this
algorithm is solved in an iterative manner, with the estimate
of initialized using the FFT. This iterative algorithm takes
about 10 to 15 iterations to converge based on experimental and
numerical results.
Note also that without accounting for the interference from

other frequency grid points (without weighting), minimizing the
cost function in (9) for gives the discrete Fourier trans-
form (DFT) of the signal

(14)

The IAA algorithm described is used for spectral estimation of
stationary data. Analogous to the STFT, the spectral content of a
nonstationary data sequence, such as (1), can be estimated using
the TRIAA [16]. The signal is split into overlapping frames sim-
ilar to Fig. 2 and the IAA spectral estimate is computed for each
frame. However, to reduce the computational complexity, each
subsequent frame after the first frame is initialized with the spec-
tral estimate of the previous frame instead of the FFT-based pe-
riodogram as described in the IAA algorithm. The resulting al-
gorithm yields better spectral resolution and lower side lobes
than the STFT.
There is still a significant increase in the computational com-

plexity when using the TRIAA algorithm compared to using
STFT for spectral estimation. This computational complexity
is reduced slightly by reducing the number of iterations in sub-
sequent frames for the TRIAA. This is because convergence of
the estimated spectrum will occur in fewer iterations given the
current frame is initialized by the spectral estimate of the pre-
vious frame. When the dataset is significantly large, the use of
this algorithm is still impractical. The bottleneck of the TRIAA
algorithm is in the computation of the denominator in (13) for
each frame.
In [18] and [19] the Toeplitz structure of the covariance ma-

trix is exploited and the computation of is performed

1 for ill-conditioned matrices [17].
2Matrix inversion lemma.
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using the Gohberg-Semencul (GS) factorization of this matrix
[7]. Moreover, the denominator is obtained via evaluating a
polynomial. This reduces the computational complexity of the
denominator in (13) (which is the bottleneck of the IAA al-
gorithm) from to floating point operations
(flops) [18] for a given frame, without a loss in performance.
The algorithm is termed the Fast IAA (FIAA), which is a signif-
icant improvement but still computationally expensive for large
datasets. The computational complexity of IAA and FIAA are

and , respectively, where is the
data length and is the grid size, with .
An approximate algorithm to the IAA algorithm with signif-

icantly faster computational time is described in [20] and re-
ferred to as the Quasi-Newton IAA (QN-IAA). The QN-IAA
algorithm estimates the covariance matrix as if it were from
a low-order autoregressive (AR) process, where
with being the data (frame) length. The inversion of the
lower order covariance matrix is carried out in
place of , yielding an approximate solution to
the IAA spectral estimate (13) with significant reduction in the
computational complexity and just a slight degradation in the
resolution. The computational complexity of this algorithm is

.
The FIAA or QN-IAA can be used in a time-recursivemanner

for nonstationary data as is the case with the ENF signal. This
algorithm reduces the tradeoff between frequency resolution
and time-resolution for a given frame length compared to the
FFT-based periodogram during the ENF extraction process. The
extraction process is the same as the frequency domain anal-
ysis (2)–(7) with replaced by either of the aforementioned
algorithms.
However, even if a good algorithm is used for frequency es-

timation based on (7), specific frames might be corrupted by in-
terference signals with frequency components within the ENF
limits. This could lead to errors in frequency estimation, if the
frequency location corresponding to the maximum value of the
estimated spectra belongs to an interference signal. A robust
method of tracking the ENF that exploits the slowly varying na-
ture of this frequency is needed. The next section describes the
proposed frequency tracking algorithm.

C. Frequency Tracking

A method of estimating the ENF by tracking it from one
frame to another is formulated here from a mathematical
point of view. The proposed method uses discrete dynamic
programming [9] to find a minimum cost path. A cost function
as shown in this section is selected which takes into account
the slowly varying nature of the actual network frequency. This
cost function penalizes significant jumps in frequency from
frame to frame and the corresponding path is used to estimate
the ENF.
This algorithm involves finding the peak locations from the

spectrum of each frame and assigning costs based on the differ-
ence between a peak location in one frame and a peak location
in another frame. The magnitude of the assigned cost is related
to the difference in the frequency from one frame to another.

The minimum cost path from the first frame to the last frame is
computed to estimate the ENF.
To estimate the number of relevant peaks (sinusoids) in a

given frame, a model order selection tool known as the Bayesian
Information Criterion (BIC) is used. The BIC for complex si-
nusoids in noise is given by (refer to [7] and [21] for a full
derivation)

(15)

The number of peaks (real sinusoids) is estimated as the min-
imizing argument of the above BIC criterion. The first term in
(15) is a least squares data fitting term, which decreases as the
number of estimated peaks increases, where the second term
is a penalty term that prevents “overfitting” of the data model.
Once the largest peaks and corresponding locations are de-
termined in each frame, the frequency tracking problem is for-
mulated and solved as follows.
Assume that for a given frame , a set of estimated peak lo-

cations (frequencies) is denoted by .
We would like to find a path such that and
where the difference is as small as possible for

. This set corresponds to the estimated ENF over all
frames and can be obtained as the minimizing argument in the
following optimization problem:

(16)

Calculating this cost using an exhaustive search is impractical.
However, using dynamic programming [9] the path that mini-
mizes this cost can be computed recursively and efficiently by
minimizing the cost from a given frame , to the last frame,
denoted by

(17)

This optimal cost satisfies the recursive equation

(18)

which can be calculated for , with the
initialization, . Note that

(19)

is the cost from the first frame to the last frame and the
set that minimizes this cost function corresponds to
the extracted ENF signal as mentioned previously. Dynamic
programming has a computational complexity of ,
where corresponds to the total number of frames and
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TABLE III
PARAMETERS FOR THE EXPERIMENT

is the number of spectral peaks in the frame with the maximum
number of peaks.

D. Matching Extracted ENF to Database

Once the ENF signal has been extracted, a method of
matching the estimated signal to the database signal is required.
The goal is to find the location/time within the database that
is similar in pattern to the extracted ENF. In [6], a method
based on minimizing the squared error between the ENF
and database is used for automated matching. A method of
correlation matching proposed in [22] for short digital record-
ings (10–15 min) is used in place of this MSE method. The
process of correlation matching is described as follows. As-
sume that is the extracted ENF signal and

corresponds to the database signal with
. The matching process requires finding such that

(20)

where is the correlation coefficient between and the vector
.

An important point to make is that the maximum correlation
coefficient is used here only for matching the estimated
ENF to the database and comparing the accuracy (reliability) of
the different algorithms presented. Once amatch has beenmade,
determining locations of edits to a recording should be based on
the differences between the ENF estimate and the database.

IV. EXPERIMENTAL RESULTS

The algorithms presented in the previous section are applied
to two different digital audio datasets referred to as “Data1”
and “Data2”. The two datasets are recorded simultaneously and,
therefore, should contain the same ENF pattern over time. The
first data set (Data1) is acquired by connecting an electric outlet
via a voltage divider directly to the internal sound card of a
desktop computer, resulting in an ENF signal with a rather high
signal-to-interference-and-noise ratio. On the other hand, the
second dataset (Data2) is an actual speech recording played
from a speaker and picked up by the internal microphone of a
laptop computer.
Each of these recordings are originally sampled at 44.1 kHz

at a bit rate of 16 bits per sample. Each dataset is resampled to
441 Hz, hence keeping only the fundamental frequency (1st har-
monic) and the two higher harmonics of the ENF. A bandpass
filter with a narrow bandwidth around the network frequency is
applied to the data to eliminate as much interference as possible
without distorting the ENF signal. Based on Fig. 2, each data

Fig. 3. Matching extracted ENF to database (Data1—scaled to 60 Hz).

Fig. 4. Matching extracted ENF to database (Data2—scaled to 60 Hz).

set is split using the values shown in Table III. This setup re-
sults in an ENF estimate every second for a total of 30 min for
each dataset.
An increase in the frame length improves the signal-to-noise

ratio of the signal [6] and the spectral resolution at the cost of
lower time resolution. Therefore, a larger frame length is used
for Data2 which has a weak ENF signal compared to Data1
which has a strong ENF signal.
Fig. 3 shows the extracted ENF signal (shifted by 0.05 Hz

for illustration purposes) from Data1, matched with the truth
obtained from the FDRs, when the data set has not been al-
tered in any form [using STFT and (7)]. Fig. 4 shows the ex-
tracted ENF using the STFT-based method and our proposed
method (also shifted for comparison purposes). Tables IV and
VI give the maximum correlation coefficient of the var-
ious methods for Data1 and Data2, respectively, also when the
signals have not been altered. The maximum correlation coeffi-
cient values are used to compare the accuracy of the algorithms
and hence determine which is more reliable for ENF estima-
tion. We have also included similar MSE (actually standard de-
viation) analysis in Tables V and VII for the datasets, where
the MSE is computed by averaging the squared difference be-
tween the True ENF and the estimated ENF. It is important to
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TABLE IV
CORRELATION COEFFICIENTS OF ALGORITHMS (DATA1)

TABLE V
STANDARD DEVIATION OF ERROR FOR ALGORITHMS (DATA1)

point out that the estimated ENF can sometimes have a con-
stant offset [12], [22]. Therefore, the correlation is the preferred
method for accuracy measure. The datasets used for this exper-
iment do not have such an offset. They have also been made
available at http://www.sal.ufl.edu/download.html.

A. Data1 Analysis

Fig. 3 shows the extracted harmonic (180 Hz) of the ENF
signal scaled to 60 Hz and matched [using the location corre-
sponding to the maximum correlation (20)] to the actual data-
base frequency obtained from the FDRs. For each of the algo-
rithms used, the third harmonic gave the most accurate results
for this dataset as shown in Table IV. This is because for a fixed
grid size, the estimation error when using the third harmonic is
reduced by a factor of three compared to the fundamental fre-
quency. Harmonics with frequencies higher than 180 Hz can be
used for the estimation process at a cost of increased computa-
tional complexity due to the increased sampling rate. Also from
Table IV, it can be seen that each of the STFT and TRIAA algo-
rithms produce accurate estimates of the ENF using (7) because
of the rather strong ENF signal. The signal at the second har-
monic is weak relative to the first and third harmonics, and in a
few frames the estimate was inaccurate. However, the frequency
tracking algorithm mitigated these inaccuracies successfully by
tracking the correct spectral peaks.
The parametric method, frequency selective (F-ESPRIT) [7],

[23] also yields accurate estimates of the ENF for Data1 when
the signal model assumes there is only one sinusoid per frame.
However, this method and other parametric methods are not ap-
propriate for ENF estimation in the presence of interference, be-
cause they are sensitive to model assumptions.
For this dataset, the STFT yields slightly better results, com-

pared to the adaptive method (TRIAA). This can be explained
by the fact that the periodogram is optimal for estimating spec-
tral lines (sinusoids) in the presence of white noise when they
are well resolved [7]. However, when there are interfering sig-
nals present, the poor resolution of the periodogram will yield
inaccurate estimates as is the case with Data2, a typical digital
recording.

TABLE VI
CORRELATION COEFFICIENTS OF ALGORITHMS (DATA2)

TABLE VII
STANDARD DEVIATION OF ERROR FOR ALGORITHMS (DATA2)

Fig. 5. Power spectrum of one frame (Data2): poor resolution of FFT.

B. Data2 Analysis

For Data2, the second harmonic (120 Hz) is used to estimate
the ENF, because the first and third harmonics are too weak
to be used for estimation. Table VI shows the maximum cor-
relation coefficient values for the STFT and TRIAA using (7),
the frequency tracking algorithm using the spectral peaks of the
FFT and IAA and the parametric method (F-ESPRIT) with one
assumed sinusoid. The ENF estimation accuracy is improved
using the adaptive method (IAA) because of improved spectral
resolution for several frames. Fig. 5 shows a comparison of the
spectrum of one frame of the Data2, where the poor frequency
resolution of the FFT results in a relatively poor estimate of the
network frequency compared to the IAA algorithm.
Fig. 4 shows this extracted ENF harmonic using the STFT

and (7) matched with the database. From this figure, there are
several frames where the ENF is estimated inaccurately, due
to the fact that the frequency corresponding to the maximum
spectral peak for those frames do not correspond to the ENF.
This can occur if there is another signal present with frequency
within the limits of the acceptable range of the ENF as illustrated
in Fig. 6. This figure shows that for both spectral estimation
techniques used (IAA, FFT) the ENF harmonic estimate using
(7) will be 120 Hz, whereas the true frequency is approximately
119.95 Hz.
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Fig. 6. Power spectrum of one frame (Data2): strong interference signal.

Fig. 7. Extracted ENF via frequency tracking (Data2—scaled to 60 Hz).

This problem can be rectified using our dynamic program-
ming-based frequency tracking the algorithm presented.
Fig. 7 shows the spectral peak locations computed using the

TRIAA and the corresponding ENF estimate using dynamic
programming. The estimate of the network frequency using this
tracking algorithm is then matched to the database in Fig. 4,
which provides a better match when compared to using (7),
which can also be seen in this figure, Fig. 8 (absolute error) and
also from Table VI.
A few important points to make are that the frequency

tracking algorithm uses the peak locations for each frame
estimated either by the adaptive algorithm (IAA) or the FFT.
The results show that the estimated ENF is more accurate
when the peak locations of IAA are used. This is as a result
of the inaccurate estimates in some frames caused by the poor
resolution of using FFT. Also, all the numbers presented can be
improved upon slightly by using the entire dataset (44.1 kHz)
for analysis. For example, the STFT maximum correlation of
0.9125 will be improved to 0.9158 without resampling, which
may not be worth the increased computational complexity.

Fig. 8. Absolute error of algorithms (Data2): (a) STFT and (b) TRIAA
(Track).

V. CONCLUSION

When it comes to digital audio verification, the reliability
of the method used for authentication cannot be overempha-
sized. This paper demonstrates a reliable method of extracting
the network frequency from a digital recording when the ENF
cannot be extracted from some of the frames using the FFT-
based periodogram either because of poor spectral resolution or
a stronger interference signal within said frame. These problems
were solved by using an iterative adaptive method (IAA), which
provides better spectral resolution than the FFT-based approach.
Also, a frequency tracking method based on dynamic program-
ming was used for accurate extraction of the ENF even in the
presence of a strong interference signals within ENF limits.
From the results presented, the FFT gives slightly better es-

timates of the network frequency when the signal-to-interfer-
ence-plus-ratio is very high as is the case with the first dataset.
However, in most digital recordings, there will be significant
interferences from the recorded speech signals and other sur-
rounding sounds that could lead to poor estimation performance
using the FFT due to its poor resolution and high side lobe prob-
lems. As the results have shown, the adaptive techniques and
frequency tracking method should be adopted for ENF estima-
tion, especially in challenging environments.
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