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Abstract- The paper deals with an efficient method of comparison  conversion, media encoding and transcoding. Therefore, the
of audio streams that can be compressed using lossy compression audio compasgon algorithns have to meet additional
algorithms and, as well, delayed by an unspecified number of requirement:

samples due to transmission and processing. The algorithm bases ) B ) o

on the signal envelope correlation between audio streams . The I algorithm musbe resilient for signal modifications
performance of the algorithm is evaluated using different introduced by transcoding

acceleration methods available in modern desktop computers. In practice, two different types of transcoding must be

considered: between different bit rates (homogenous
transcodiny or between different compression techniques
l. INTRODUCTION (heterogenoustranscoding Most of audio compression
technigquesises subbands andigperate in MDCT domair1]

and use psychoacoustic models to remove samperceptible
parts of signaj2].

Keywords- audio comparison, envelope correlation

Media broadcasting requires continuous monitoringhef
quality of the broadcasted content. Any error in transmitted
stream is immediately visible (or audible) for all usérke
errors in transmission are mainly caused by noise or As a result of such compressjdhe decoded waveforiis
interferenceput they may occur also due to other, less obviousompletely different tharthe original one, which introduces
reasons.Mistakes at the stage of stream preparation an  additional difficultiesastwo signals have to be comparédidio
example of those reasorEherefore, in order to preserve high compression witlvery high compressioratio (very low bitrate)
quality of servicesthere is a neetbr real time supervision of leads to significant distortion of original signal and lack of data
thetransmitted streams$.or example,tiis critical to determine in most subbands.

if the headendransmits correct sign& the subscribers . . .
There are many audio comparison algorithms that are

This paper concentrates on algorithm developed focommonly used nowadays. The simplest metisad perform
automatic and unattended supervision of audioastsefor the comparison cfudio data sampley sample oto calculate
broadcasting purposes. The most important part of supervisiahe crosscorrelation betweera reference anda compared
system is an algorithrthat is usedo determine similarity or sample.The main disadvantage is that even a little difference
dissimilarity of audio streams between given samples duethe delay, transcoding or volume

Such an algorithm needs to meeine key requirementisat change camakethosemethods completely unretible.

would distinguish it from typical off-line audio samples Some solutions use Afacoust.
comparison. The most important requirements are mostiyompare audio datf8]. This comparison algorithm basen
connected with a redime operation: finding frequencies witlthe highest amplitude othe generated

spectrogram. Them sequence othef ound Afiisnger
compared ta sequence extracted from other audio signal and
algorithm decision is made. This method is used in many sound
§ the algorithm has to operate without excessive recognition applications likBhazzam

buffering sinceit is impossible or impracticab store Otherapproach towards thaudio comparisoprocesss to
longer part of track and process it offline, takehuman sound perceptiamo accountThe compared audio

1 the error in broadcasted stream has to be detected @8ta is processed by aralgorithm that returns perceptual
soonas possible wittthe lowest possible delay in order 1 s i g n a therecedved datdSuchdescriptorsare compared

to reduce the time when erroneous signal is transmittedn Pairsandthe result of similarity is given oa percenage
) ) scalg¢4]. The compatronixsound matching software opermte
I thecomputational complexithas to be low enough to ysingthis solution.

allow realtime operationevenwhena higher number o . . .
of audio streambasto be analyzed. The main disadvaage ofsuchaudio comparison algorithms

) . . o is therequiredlength of audio data. To give reliable decision
Besides previously mentioned difficulties, the broadcasthe aforementioned algorithms requiteleast 5 to 10 secosd
applications are inherently connected with media formabf data. In broadcasted streams supesmisiuch abig delay is

1 the algorithm has to operate real time,on live
broadcasted signals,



unacceptable. Wha$ more the algorithms are sensitive to the Next step is touse previously calculated envelopes to

degradation of datguality (caused byrocessing or transcoding calculate crossorrelationd 6¢ betweerthereference anthe

commonly encountered in TV broaddalsiwers the algorithm compared signal envelopes.

reliability. Another drawback is thahosesolutionsdo notgive

information about mutdadelay of compared audio data, what 6 6¢ GOmé DO (2)

may be crucial in audio and video synchronization supervising.

Moreover, mentioned algorithms have been designed for offline | the next step theorrelogramd 6¢ resultingfrom the

usage and are inappropriate for a-tgak comparing scenario. previous stegnables aecisionon audio similarity.In order b
The research towards retashe comparison of audio streams decidewhethergiven audio signals atee same the algorithm

have been inspired by Telewizja Puls, the third largestalculats thecorrelation peak descriptadescribed in details in
commercial TV network in Poland, provider of two natisie  the next pint. Based on its valy¢he decision is made. To make

channels: TV Puls and PULS 2, having a reach of 35.5 millioglgorithm decion more reliable the power of signal is

and 29.1 million viewers, respectively (Octob@1.Z; 4+). computedorior to any further calculation thereceived power
is too low, further calculationare not performeftecision about
II.  PROPOSED ALGORITHM similarity cannot be determined)

The proposed algorithm is based on a simple approach wi

crosscorrelation calculated betweethe reference andhe R e e ronn ComPared
compared audio chunk. Despite sharing common idea wit 4
alreadymentionedstraightforwardapproachthe algorihm ha Calculate power of data in chunk
been designed to take all broadcast specific requirements ir

account.

In order to improve reliability, the comparison between
signals is performed based on signal envelope (as opposed
raw sample values)Using signal envelope instead of raw NO
sanples givesmmunity tosignal degradation due to the fact that
shape of the signal envelope is usually well preserved by tr

most common processing and encoding operations.

Paudio < Pt YES

Return power
problem statement

| Calculate real envelope of signals |

A. Algorithm description L

In order to improve reliability, the comparison between Calculatecrossoorrelalionofcalculated|
signals is performed based on real envelopeach signa(as e”"e'fpes
opposed to raw sample valuddsing signal envelope instead of | |

Calculate peak descriptor

raw samples gives independence from signal degradation due
the fact that signal envelop is free from sudden signal change:

The frst step of proposed algorithm is the derivation of VES
signal envelopeTo avoid Hilbert transformation calculation, NO

real signal envelope maye estimatedby low pass filteringof
rectified signaland subtracting the mean valuefitiered data.

In order topreserve reasonable computational complexity, we
designed a 32ap FIR lowpass filter with normalized cutoff
frequency equal to 0.2%igure 1.). In this stepwo envelopes NO
for thereference anthecompared chunk are calculated.

YES
Return different
R&turn delay probid stream statement
. \ PP R N P Y Y statement statement
O ¢ Qe L'QOYE § Q (1.1

Figure 2. Algorithm block diagram.

Delay < Threshold

O & QELQAEHQ (1. 2)
The descrbedmethodis flexible, as itallows processingf
audio datafragments withvariable number of samples. Data
@ chunks length may vary, depending o the requirements.
: SR R Obviously alow numberof samples inchunk results irthe
inevitable decreasef thealgorithmreliability.

Magnitude (dB)

B. Signal similarity ordissimilarity detection

The comparison decision iakenbased on signal envelope
cross correlation correlogram6¢ . If signals contain thsame

20, o 02 s 04 o ( s ) 07 s os 1+ (or similar)perceivablecontent resultantcorrdogram will have
Normalized Frequency (- Trrad/sample; . . . . . . .

_ _ - ’ _ _ chamacteristic shape described sgsky peaki sharply rising to

Figure 1. Amplitude characteristic of loyass FIR filter used during extremeand suddely falling. Hugesignal similarity will result

envelope calculation process



in singledominantpeak inthe whole correbgram. In case of corresponds to the delay represented in audio sample periods. In
different audio streamshe shape of cross correlation resat  order to receive the mutual delay in seconds, the division by data
well as the number of peaksill varyand will not have a single sample frequency is needed.

dominant peakFigure 3. D. Power thresholding

In order b_dec_ide if audio signals are the same, the algorithm |, the broadcasted audio stream, the appearance of silent
must check ifa single peak has appeared on correlogram angoments in a content is common, for example during long

calculate its descriptor. pauses in speech. In those moments, an audio signal is mostly

For a Corre|ogram with a Sing|e pea:hye maximum of npise. Any.tranSCOding would almost Certa'inly mOdlfy thIS
correlogram will be much higher théor most of the samples. Signalsignificantly. For proessed silence periods with noise,
The mean value of the correlogram will be relatively small. Tghe correlogram is usually flat, with no dominant peaks. The
ensurea single narrow peakhe algorithm also calculates the algorithm described above may erroneously inform in such a
standard deviation to check dispersion of values hviiitl be ~ case that the two streams with silence periods are different. In
small in case of the dominant peak existence in the correlogra@fder to avoid such situations, tigorithm calculates the power
Due to the fact that correlogram values may be both positive aifd the givensignals prior to any other actiorif the power of
negative, it is possiblenat the mean value will be zero or very any of the compared signals is lower than a given threshold, the
low. In order toavoid tha,t all calculation us&orre'ograrﬁ S silence moment is detected and information about this situation
absolute values. is returned,determiningthat ro reliable comparison can be

made. Additionallytheinformation about audio strearmswer

is very useful in broadcast supervising, for example to inspect
power difference between audio stream channels and to detect
the missing audio content in the encodedio stream.

I1l.  IMPLEMENTATION

In order to evaluate the performance of the proposed
algorithm, a test implementation has been prepared. As a first
step, a software framework has been developed. The description
of the framework is not in the scope of thipea It is sufficient
to mention here that the framework was designed as a- multi
format software data receiver with the following functionalities:

1 readngaudio track from a file

T reading ATransport Stream
1 receiving and demultiplexingf transmitted streams

Figure 3. Exemplaryenvelopecorrelogramdor thesame(black), same but : :

compresse¢blue) and diferen{red)signals. T audio track decoding
. ) , 9 synchronization of audio frames
In case ofapeak in cross correlation resulte expect high _ _ _ _

maximum valued 6 , small mean valu® 6 ard small ' performing audio stream comparison using the

standard deviatio® 6. Based on that observatiowe can described algorithm,

%reghela? correlation peak descrip®@rgiven by the following f managing all execution threads and used buffers.

The proposed algorithm has been implemented as highly
0 (3) optimized, multithreaded C++ code. All time consuming
operations related to audio samples processing, like:

After calculating descriptor valughe algorithm compares it ' sample format conversion (from native 16 bit signed
with a defined threshold’Y. If the valueis higher thanthe integer to normalizedingle precisiorfloating point)
thresholdthe compared audio datarecognized athe same. 1 calculation of envelope (lowass filtering, abslute

C. Delay calculation value calculation),

If the audio chunks are found to convey the same content, it { calculation of crosgorrelation,
is also desirable to find the delay between the audio streams. Due
to the fact that algorithm uses cross correlation in order to
measure similarity, the correlograiné¢ could be used to ¢ calculation of standard deviation,
estimate sample delay between reference and compared chunk. ) )

If algorithm recognizes the given data to be the same, itis also 1 searching for maximum value,

possible to calculate the delay between those audio chunks. ave been carefully optimized and implemented in three
Audio streams delay may be calculated by findingpbsition  ifterentversions

of maximum value of cross correlation result. This position

calculation of average value from selected samples,









