A Simple Lossy Audio Coding Scheme Based on the DWT
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Abstract — This paper proposes a simple scheme for audio ratios (e.g. up to 25:1 and more) but are moreepiiie
coding that does not use perceptual models. The aodcoder  to high rate artifacts.
is based on the discrete wavelet transform to decmlate  With the improvement of circuit technology and
signals, computed through the lifting scheme, andflowed by  telecommunication bandwidth, there have been atgrea
Huffman coding. The evaluation of the coding schemés gmount of interest in the high-quality, in whichlaxge
presented by using some .wav audio test files, catldor  amount of data need to be processed, compressed and
different conditions, and also includes subjectiveevaluation.  tansmitted in real time. But there exist a traffdsetween
Experimental results show the compression ratios adtved,  {he compression ratio and reconstruction qualitigheir
thPT degrgdatlon of the &gna}s expresseq as valgefs5|gnal to compression ratios imply more degradation on thendo
noise ratio and the changes in spectrum information quality, when reconstructed. Any compression scheme
should consider these facts and should also pravigeod
) control mechanism to use the limited bandwidth and
1. Introduction maintain acceptable quality, keeping in mind the
computational complexity. The computational comiiex
Audio coding or audio compression algorithms aredu®  directly relates to the processing speed and itilshioe as
obtain compact digital representations of highifige less as possible so as to reduce the propagatitay de
(wideband) audio signals for the purpose of effitie during real time processing.
transmission over larger distances and storages Thilypical perceptual audio compression schemes, e.g.
becomes a necessity because of the bandwidth aoristr MPEG audio, represented generically in figure le us
and to reduce the transmission time between thelegisly signal analysis, psychoacoustic models and bitcation
connected systems. The main objective in audiongpdi and coding blocks. At the ISO/MPEG layer 1l (MP3)
to represent the signal with a minimum number d$ bi coding scheme, the time to frequency mapping block
while achieving transparent signal reproduction. i.eincludes a polyphase analysis filter banks followmy
generating output audio that cannot be distingaishem  decimation of a factor of 32, feeding a modifiedadete
the original input signal. cosine transform (MDCT) and adaptive segmentation
Based on the signal model or in the analysis/syighe block, also connected with the psychoacoustic mobted
technigues to encode audio signals one can clagsijo  bit allocation block includes block companding,
coders into one of the following four types [1]ndar quantization and Huffman coding [3].
predictive, transform based, sub-band and sinukoidaThis paper proposes a simple audio coding and degod
Algorithms can also be classified as lossy or kEssl (CoDec) scheme based on sub-band analysis with
according to the nature of the coding scheme. Bsylo polyphase filter banks, using the discrete wavelet
audio schemes compression is achieved by exploringansform (DWT). In the proposed CoDec we do n@& us
information that is perceptually irrelevant. On tbther any perceptual model in order to reduce computation
hand lossless audio coding schemes the informddon complexity. To evaluated the audio CoDec we useadeso
“merely” packed in order to obtain a different ambre WAV test files, and two families of wavelets: the
compact (though efficient) representation of datsssless Daubechies 2 (DB2) orthogonal wavelet and the
audio coding techniques yield in general high duaiudio  biorthogonal (4,4) wavelet. Evaluation tests inelddhe
without artifacts at high frequency or at high sateossy measurement of the compression ratio, the signabtse
audio coding techniques allow for better compressio ratio, spectrum modification and perceptual quality
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Fig .1. Diagram of a generic perceptual audiarapdcheme[2].

The rest of the paper is organized as follows. diserete
wavelet transforms and its implementation throupke t
lifting scheme is explained in Section Il. In Seaqtilll the
structure of the proposed audio CoDec is preseatet

prototype functiony(t) known asmother wavelet. Scaling
is achieved by multiplying by a scale factor, normally a
power of two,(2%t),alZ . Since the prototype function
has finite support, it can be scaled and translaiezbver
the all signal i.e #(2°t-b),b0Z. The wavelet
decomposition of a signal can be represented as

f(t)=> D Catan(t) 3)
a b

Where 1, (t) =23/21/z(2at—b) and c,, are coefficients
that can be computed trough the wavelet transform.
The wavelet transform of a signa(t) is defined as

explained and compared with the most common coding

schemes for audio signals. Evaluation
experimental results are shown and discussed tiosd¥
and finally, in Section VI, we present the main
conclusions.

The work that supports this paper was carried guthie
first two authors during a two-month internship EE&8T-
IPCB, on summer 2007 [4].

2. The DWT and the Lifting Scheme

In signal analysis, a signalf (t) is represented as a
weighted sum of building blocks of basis functions

() =2 cdk(®) (1)
K

where y, are basis functions andg, are weight

coefficients. Since the basis functions are fixeéke
information about the signal is carried by the Goents.
Choosing sinusoids as the basis functions in (@)dgithe
Fourier representation. To detect spikes or wealhliaed
high frequency components in the signal, one needs
representation which contains information abouhbtte

tests and

W, (a,b) = % [ xtw (%j ot @)

where aldR"is the scale or dilation parametds[JR is
the translation parameterz,/z* (t) denotes the complex

conjugate of #(t) and ]/\/5 normalizes energy along
scales. By taking the discrete values of the scalé
translation paramete(a:Z'j,b:ij) one can obtain

the discrete wavelet transform (DWT) given by:

I 1 [ t-k2
W ; =W, (27! k2 =FIRX¢)¢ [Tjdt. (5)

The basic idea of the wavelet transform is to explee
high correlation structure in most real signalg] auoild a
sparse approximation. The correlation structutgpgally
local in space (or time) and frequency; the samihlasare
close each other are more correlated than onestadar
apart. Wavelet analysis has good scale-frequenay an
localization properties, allows the decompositibsignals

time and frequency behaviour of the signal. HoweverWith different levels of detail. For a multi-restin [6]

resolution in time(At) and resolution in frequencfAw)

cannot be arbitrarily small at the same time as fhreduct
is lower bounded by the Heisenberg’s uncertainiygiple

At [Aw=1/2 (2)
This means that one must trade off time resolufion

frequency resolution, or vice versa. However, low-

frequency events are usually spread in time (noal)and
high-frequency events are usually concentratedaljioed)
in time. Therefore, it is possible to obtain godohe:-
frequency information of a signal by choosing thesib
functions to act as cascaded octave band-pass filteich
repeatedly split the bandwidth of the signal infh@in the
other hand sinusoids cannot provide informationuélbioe
time behaviour of a signal as they have infinit@pmrt.
The solution is to use basis functions that hawvetefi
(compact) support and different widths.

A. The Discrete Wavelet Transform

For a wavelet representation [5], the set of basistions

{;bk} are scaled and translated versions of the same

decomposition scheme of a signal with levels, one has

to successively apply the analysis filters to theuiting
approximation sub-sequence.

B. The Lifting Scheme

Daubechies and Sweldens proposed and describedrmow
discrete wavelet transform (or a two sub-band rfiig
scheme) with finite filters can be decomposed mftinite
sequence of simple filtering steps and this |laddercture

is called Lifting Seps [7]. Mathematically, this
decomposition corresponds to a polyphase matrix
representation of the wavelet filters or DWT, aevsh in
figure 2. Consider that all filters are of FIR tyffer more
extensive sub-band transform). At the analysis siteehas

a pair of analysis filtersh (low-pass) andg (high-pass)
followed by sub-sampling by a factor of 2.
2

T
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Fig .2. Polyphase representation of the DWT
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At the synthesis side coefficients are first upgkett and The DWT also has strong relations with sub-bandyaisa
then passed trough a pair of synthesis filteemdg (low and filter banks and can be computed by the lifting

and high pass, respectively). scheme, which is based on polyphase matrix
Then one has to factor the polyphase matrices intdecomposition. On the other hand the wavelet §ltare
elementary matrices, using the Euclidean algorithm. FIR filters that can have linear phase charactesigin the

In [7] Daubechies and Sweldens showed how to olttein case of biorthogonal wavelets).
algorithms by factoring the wavelet transform itifting The DWT is applied to the audio input signal wittree
steps for the orthogonal and bi-orthogonal waveletevels of decomposition, thus concentrating enengy
families. They also showed that with the liftingheme lower frequency bands (higher levels). Then a wecto
there is significant speed-up on DWT calculatioerothe  quantization process is applied on the DWT domaid a
standard implementation, ranging from around 54#4He  higher frequency components are discarded. Finatly
Daubechies D4, or 64% for the 9/7 filter waveleirpap  adaptive Huffman coding process explores the realncyl
to 100% for the(N,N) interpolating. of the C(_)de, in or_der to improve_comp_ression ratid the
coded bit stream is stored in a binary file.
We implemented the algorithms of the lifted DWT fbe
) Daubechies 4 (orthogonal wavelet) and for the @térf
3. Structure of the Proposed Audio CoDeC  pair (or Daubechies 4,4 biorthogonal wavelet) itC€¥#
language, with floating-point data representatiam,a PC
In audio compression schemes, besides the transforgguipped with an Intel Pentium 1l processor atd RKIHz
representation of signals to explore local reduni@a)  with Windows XP.
entropy coding techniques are also employed iwWe also adopt a scheme of symmetric extension @f th
conjunction with the quantization and bit-allocatio sequences as well as used zero padding during the
modules in order to obtain improved coding efficies. In  computation of the DWT, in order to provide enough
entropy coding, the information symbols are mapjmtd  support to the algorithm and also to avoid degiadabf
codes based on the frequency of each symbol. Higheignal due to the limit conditions (discontinuilies
occurring magnitudes are encoded with shorter eoates
and vice versa. Several coding schemes have been
proposed namely Rice coding, Golomb coding and 4. Evaluation and Experimental Results
arithmetic coding and Huffman coding, which is pably
the most popular. To evaluate the overall performance of the propaaetio
We developed a prototype of a simple sub-band audigoDec several objective and subjective tests weadem
coding scheme, in C/C++ language and also in MATLAB\We measure the compression ratio and the signabite
The CoDec is based on discrete wavelet transfoNM'l(D ratio, and present some examp|es of spectrum
computed through the lifting scheme, a quantizalitotk  modifications. We also carried subjective qualigsts,
on the zero-tree structure of the wavelet coeffitieand an  simply by collecting the opinions of several indivals on
adaptive Huffman coding block. The block diagrarhthe  the quality of the signals, after they had listeme t
coding and decoding processes is presented irefigur recovered audio files for the different test coiodis. To

In sub-band coding, digital signals are subdividetb  perform the tests, somewWAvV files with different
multiple sub-bands or frequency ranges by multifitier characteristics were used, as follows:

banks, and then quantized according to the endrgpaah

sub-band. The algorithm takes the advantage of kave TABEL |
transform to achieve better controllability and heg LIST OF ORIGINAL'WAVE’ AUDIO TESTFILES USED
fidelity of the audio signal. . —
On the other hand, DWT, besides the good time-&aqu Filename fs[HZ] bps #j%qmep[lg]s / ~f'[|EBS]'Z€
analysis_ and synthesi_s. capabilities, alsp allows fo Voiceway 2 22050 16 110033/5 515
hierarchical decomposition schemes which are also. e way 2 11025 8 96287 /9 05
scalable. ‘dontfoolwav * 11025 8  120000/11 118
‘heaven.wav 11025 8  120000/11 118
Encoding Proccss ‘toomuch.wav 11025 8 100000/9 98
- . Vector
[Am‘f*\‘m me]_' dm“ e et The original WAV files were coded considering difént
e scenariosi) using two families of wavelets for the DWT,
L j one with the Daubechies 2 (DB2) orthogonal wavatet
DWI Souetre the other the biorthogonal (4,4) waveli};using adaptive
guantization along the hierarchical structure on DW

Decoding Process

! bps — number of bits per sample (quantization)

Encoded bitstream, . . . .
e | DwT Recovered Audio e 2 Speaking voice of one male individual;
P Huftman decoding \Lifing Schene) ¢ waw) 3 Sound of a musical instrument (flute) at differentisical notes and

scales (frequencies);
4 Sound of a musical band (Queen) playing severaicaliinstruments,

Fig .3. Simplified structures of the coding andatting blocks with different dynamics, rhythms and frequency eots. This also
applies to the other two remaining .WAV files.
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domain, considering the degree of importance of the TABEL IV
wavelet coefficients in each sub-band. For exam'[ile, VALUES OFSNR[dB] RELATIVE TO Q FORDWT WITH 9/7 FILTER PAIR
using Q at the third (top) level, then it is lowered @2

and Q/4, on second and first level, respectively.

Q 128 96 64 32 16

To evaluate the CoDec we measure the compressdion ra ‘voiigil\;\f;le 544 3498 4589 5205 5635
expressed as the ratio of the original file and déput g 0 wav 1322 2052 31.42 3901 4454
stream (or file) and the signal to noise ratio egiby ‘dontfool.wav 2727 36.16 46.33 53.48 59.56
A ‘heaven.wav 2155 3125 4237 5071 56.55
NR =20'09(A:_] (6) ‘toomuch.wav 23.16 32.88 44.93 5291 59.03

where A is the root-mean square value. TABEL V

) o ) VALUES OFSNR [dB] RELATIVE TO Q FORDWT wWITH DB2 WAVELET
At this stage one must be aware that the dictionagd in

Huf'fm_an coding block is embedded on the outpusire Q 128 96 64 32 16
Experimental results of the compression ratio aes¢nted audio file
in tables Il and |||, for DWT_using the 9/7 fl|t€ﬂa|l’ and ‘voice.wav 2457 34.01 44.41 5029 5457
for the DB2 V\_/avglet, respectively, both for dlﬁatqalues ‘flute.wav’' 11.81 2138 3298 4061 46.64
of the quantization ste@, on the DWT domain. The ‘dontfool.wav 26.38 34.99 4555 52,09 57.74
compression ratio varies from 1.13 up to 4.60,dasing :heaven.r:/va\’/v gg-gé gg-%g ﬁ-?g jg-gg gg-gg
almost linearly for values of) from 16 to 64, being no —eomuch.wa ' ' ' ' :
longer linear outside that range. Compression riatialso
better for voice audio signal rather than for m“bmause SNR relative to adaptive quantization step (DWT wih 9/7 filter pair)
there is more correlation in voice signals. Frotles Il 65 s
and Il one can also notice that, in general, slghetter x
compression ratios are achieved for the 9/7 DWTh wit R 55T = | 55
reference to the same conditions with the DB2 DWT. S st L4
s
TABEL Il i 35 T35
COMPRESSIONRATIO RELATIVE TO Q FORDWT WITH 9/7 FILTER PAIR 3 251 15
[
Q 128 96 64 32 16 5T T
audio file 5 ‘ ‘ ‘ ‘ 5 _
‘voice.wav 460 395 335 300 282 128 9% 64 2 16 iﬂﬂ:é}“;?“
‘flute.wav’ 2.13 1.82 1.44 1.30 1.23 initial quantization step Q in top level - hggtvgﬁh'vﬁ/
*dontfool.wav 236 197 156 142 1.30 . — , (C0mHeh ve
‘heaven.way 242 1.98 1.57 1.39 1.28 Fig .4. Variation of SNR relative 1Q for 9/7 DWT
‘toomuch.wav 199 1.64 1.32 1.22 1.13
SNR relative to adaptive quantization step (DWT wih DB2 wavelet)
TABEL Il
COMPRESSIONRATIO RELATIVE TO Q FORDWT WITH DB2 WAVELET 65 65
Q 128 96 64 32 16 o7 I
audio file < 45+ 1 45
‘voice.wav 456 383 315 292 268 |z | .
‘flute.wav’ 206 1.69 1.38 1.28 1.21 5
‘dontfool.wav 2.34 1.93 1.53 1.37 1.30 % 25+ +25
‘heaven.wav 239 194 1.53 1.37 1.26 z
‘toomuch.wav 201 165 135 127 112 B T®
5 1 1 1 1 5 .
Tables IV and V show the values of SNR, in dB, for 128 9% 64 2 16 iﬁ%ﬂi;gé?:va
different values ofQ and for the DWT computed using initial quantization step Q i top level heavanwav
the 9/7 filter pair and the DB2 wavelet and figureg 5 Fig .5. Variation of SNR relative 1@ for DB2 DWT

show the variation on these values. For valueQofrom

16 to 64, SNR increases roughly 6 dB@schanges to the The degradation on signals due to the coding psocas

half. The change on SNR fdr28< Q< 64 is around 10 also be noticed by observing the changes on thgtitald'qe) :
. spectrum and power spectrum of the coded signals wi
dB asQ is scaled by a factor of 2. The SNR values for th‘?espect to the original one. This can be obsemdijures

case of the 9/7 DWT, are in general 2 dB betten thase 6 to 8, for the case of “voice.wav” and figureso9itl for
obtained for the DB2 DWT case. Observing the cunfes the case of “heaven.wav’. In both cases the origina
figures 4 and 6 one can also notice that SNR vali®@est  spectrum, and the spectrum of the recovered signals
linearly for 64< Q< 16, which is coherent with the values obtained by coding the original one wifx16 andQ=128
obtained for the compression ratio. (limit values), using the 9/7 DWT.



Observing spectrum of figure 8 with respect to tbét
figure 6, for signal “voice.wav”, one can noticeeth
significant attenuation at higher frequency compasiein
particular for frequencies above 6 kHz. The sanmdie
for signal “heaven.wav” as can be seen in figurés 21.
The degradation on signals for valu@greater than 64 is
significant so their quality if very poor.

This is also the results of the subjective testsied, that
also confirm a better audible quality for the cas&éiles
coded using the 9/7 DWT.
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5. Conclusions

A simple audio coding and decoding scheme baseithen
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Fig .8. Amplitude and power spectrum of recoveikdrélative

for ‘voice.wav’ coded aQ=128

discrete wavelet transform is presented in thisepaphe
CoDec was developed in C/C++ language, using figati
point data representation, and implemented in a PC
equipped with an Intel Pentium Il processor atA KHz,

with Windows XP operating system. The CoDec was
evaluated for DWT using the 9/7 filter pair and foB2



wavelet, and for different conditions of the adepti
quantization. Experimental results demonstrate timat
general there is higher compression ratios and ehigh
quality when using the 9/7 DWT.

Spectrum analysis and subjective tests also tewdritirm
the objective evaluation but also demonstratedhatity is
very poor for values of Q greater than 64.
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