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1 Intro duction

This documert describesthe mathematical conceptsand implementation of the
phase-wcoder.

Although the relevant theory is outlined, the readeris assumedo be familiar
with both theory and terminology of discrete-time signal processing,algorithms
in general,and the computation of sound. The terminology is inspired by the
audio-purposes,although the theory is applicable to all sequencesatisfying the
given conditions.

Additional documertation can be found in the source-and header- les.

2 Motiv ation

Changing the length of a sequencex[n];n 2 N can be doneby computing y[n] =
x[np];p 2 R. This however has the inherent side-e ect of changing the pitch
of the output sequencey[n] comparedto x[n] when they are played badk at
the samerate. Conversely changing the pitch by this method also changesthe
duration.

A method is therefore desired to alter either one of the pitch or duration
without inverseproportionally altering the other. Someof the conceptual uses
for such a method are?

Time-stretching:  If x[n] is of length N, then the output of the time-
stretching algorithm is y[n] of length M 6 N,
however with same perceived spectral content or
tone.

Pitch-scaling: This is best understood spectrally; a pitch-scaling
of p meansthe output spectrum is x-axis multi-

plied by p.

Both of which will betreated in this documert, starting with time-stretching.

3 Metho ds

Generally such methods decommsethe input sequenceinto components that
are easierto manipulate than the sequenceitself, then modify these simpler
componerts and combine them to form the output sequence.Common solutions
are to useeither a time- or frequency-domaindecomposition - or both.

The method described in this documert is of coursethe phase-wcoder that
usesa frequency-domainrepreseration obtained by a derivative of the Fourier
transform.

1This is a crude form of sample-rate conversion, there are various ways to impro ve qualit y.
2Historically , the phase-vocoder was developed as a means to reduce bandwidth expendi-
ture in speed transmissions and it was later applied to music production as an e ect.
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3.1 Gran ulation

Oneway of usingthe time-domain represenation is by granulation which models
the input asimpulsesgoing through a resonancelter. Small piecesof the input
are extracted and multiplied by an envelope to form socalled grains. If a higher
pitch is desired more grains are output, and likewise fewer grains for a lower
pitch. Similarly, grains are played fewer or more times accordingto the desired
time-stretching.

Sincethe grains are chosenunder the assumptionthey are impulse responses,
the method hasthe addedbene t of preservingformants® becausethey formants
are already imposedon the impulse responses.

4 DFT

Sampling the Fourier transform at equally spacedintervals of 2-:N 2 N, we
arrive at the following model known as the discrete Fourier transform (DFT):

lj( 1
Analysis: X[k] =  x[n]wg" 1)
n=0
1X !
Synthesis:  x[n] = X [KJW, k" 2)
k=0

Where Wy = e i is N-periodic soW*™ = wJ] forallr 2 Z. The
phaseof X [k] is \ X [k] and the magnitude is jX [K]j, and X [K] is also referred
to asthe k'th bin. Note alsothe analysisand synthesis formulae dier only in
a factor Ni and the exponertial sign of Wy, which can be usedin the actual
implemertation of the DFT.

The direct realization of Egs. (1) and (2) as an algorithm must perform N
complex multiplications and N 1 complex additions* for eac k, and to get all
X [K] this must be performed N times, thus yielding an O(N 2) algorithm. For

larger N this is too slow for realtime use.

4.1 Identities

When the time-domain sequencex[n] is real-valued, i.e. x[n] = <f x[n]g, only
half the frequency-domainrepresenation is needed,the other half is obtained
by complex conjugation, rst obsene:

W[E]N k):eiZN_(N k):eizeij_k:eij_k:WII\j

SFormants are characteristics of the spectrum regardless of the pitch or fundamental fre-
quency of the signal or sequence.

4Strictly speaking, for somek and n fewer operations will do, however the asymptotic time
complexity remains the same.
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Using this we obtain:
N L ——F N
WP W=

Which revealsthe wanted identit y:

K 1 X1 oo K1
XIN_ K= x[mw{™ "= xiw (M K" = x[n]w" = XN]
n=0 n=0 n=0

Still assurglingx[n] is real, then becausewy = lit againfollowsfrom Eq. (1)
that X [0]= Ezolx[n] and henceX [0] = <f X [0]g. In a similar fashion:

N
nZ

WN = e'er

N
2

= & "=(cog )+jsin( )" =( 1)"

Again this translatesto: X [N7] =<f X [%]g. However, sinceX [K] is only de ned
for integer k, N must be evento usethis.

Theseidentities are usedin the implementation of the DFT as described in
section 10.

5 FFT

To improve the time-complexity of the DFT algorithm a number of solutions
are available, commonly referred to as the fast Fourier transform (FFT). A
classicapproac is decimation-in-time , a divide-and-conqueralgorithm splitting
x[n] into successiely smaller sub-sequencesrecursively computing the FFT
of those and combining the result to form the output DFT. So apart from
the di erence in rounding errors imposedby the discrete and bounded nature
of digital computers, the output of the direct implementation of the DFT is
identical to that of the FFT.

The algorithm can be quite easily understood oncea few structural identities
of the DFT sequencesave beenuncovered. In the following N is assumedto
be a power of 2, though algorithms exist that do not require this. The sequence
x[n] of length N can be split into its even and odd (indexed) parts:

vem xlnl =@l o ]
Odd XO[n]= X[2n+ 1] 1n2 fo,...,N—2 1g

Similarly the DFT of these are sequencef length N=2 denoted by X ¢[k]
and X,[k]. Now obsene:

2 _ A %2 4 is =
WN—eJN =e %2 =Wy,
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Then by splitting x[n] we nd a way to split X [k]:

K 1 Nx2 1
X[k = x[nWk = x[2nW3Z™ + x[2n + 1w K

n=0 n=0
Nx2 1 Nx2 1

= Xe[MWE™ + W Xo[NIW"™
n=0 n=0
Nx2 1 Nx2 1

= Xe[M(WE)™ + WY xoln](Wi)™
n=0 n=0

X e[K] + W X o]

However to obtain an algorithm with better performancethan O(N 2) we still
needto utilize ead calculation of X ¢[k] and X ;[k] for more than one calculation
of X [k], the following identit y provides this. First note

k+ 5 kv o kn 2 Ko k
_ - j = I =
WS 7 = WEwZ = Wke 1T = wkel = w

and becauseof the periodicity of Wy
W' =1
2

using all of this, the identity is found:

N N N
X k+ — = X k+E +W,5+gx0 k+E

NRe (%) e X (k+ %)n
XelnWy sy " + Wy Xo[NWy <y
n=0 n=0
NXZ 1 N Nx2 1
N K+ N N
Xe[NWRL, W5 + Wy" 2 Xo[NIW W5
n=0 n=0
Ng2 1 N2 1
k+ N
xe[MWYZ, + W™ = xo[nWL,
n=0 n=0
Xelk] W Xolk]

Hence X ¢[k] and X ,[k] can be usedto calculate both X [k] and X k + N? .
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5.1 Algorithm

Noting that for N = 1: X [0] = x[0] we get the following pseudo-cale:
X [K] FFT(X[n]; N)

f

if (N> 1)

f
Xe[K] = FFT(Xe[n]; N=2);
Xo[K] = FFT(Xo[n]; N=2);

for i=0;i<%;i++
f

X[i]= Xe[k] + W¥ X,[KI;

X[i+ N=2]= Xe[K] WY X,[K];
g

g
else

X [0]= x[O];

The two recursive calls that result in the arrays X ¢[k] and X,[k] - both of
length N7 - ead require T(N7) operations. The loop that generatesthe output
array from those two, requires (a constart factor of) N operations, hence

N .
T(N) iT(2)+N N> 1

N=1

By induction it followsthat T(N) N(log,(N)+ 1), i.e. a time-complexity
of O(N log(N)).

6 STFT

Toimprove the DFT's ability to accurately describe what frequenciesare in the
input sequenceat a giventime, a derivativ e of the short-time Fourier transform?®
(STFT) isintroduced, rst the STFT is de ned by:

X[n; )= x[n+ mwm]e /™

m=1

Where the sequencew[m] is a socalled window of length L N so that
w[m] = Ofor all m 62f0;:::;L 1g. When sampling the STFT at discrete
intervals of ZW aswas done with the Fourier transform, the following results:

2 X1
X[mKl=X mik = xn+ mlw[m]w™ ()

m=0

5Also called the time-dep endent Fourier transform.
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Calculating the N -length FFT for ead input sampleresultsin aO(LN log(N))
algorithm, soit is necessaryto compute Eq. (3) at larger intervals; while retain-
ing the same asymptotic time complexity, its constart factor becomesmuch
less:

9( 1
X[k]= X[tRa;k]=  x[tRa+ mwmW ™R, L;t22Z (4)
m=0

This provides N bins to describe L input samples,but only calculated for
every R, = C’)\'—a samplesof the input sequencewhere O, is referred to as the
analysis hop-factor, and R, asthe analysis hop-size.

So X[K] is the DFT of the t'th input frame, i.e. the windowed input se-
quencesegmen x;[m] = x[tR; + mjw[m];m 2 f0;:::;L 1g. Therefore many
of the discussionsbelow on X [k] are equally valid for X[k] as no particular
assumptionsare made on the input sequence.

There are no requiremerts for O, to be an integer, in fact R; neednot be an
integer either, sofractional delaysmay be usedwhen sliding the window across
x[n].

6.1 Leakage

In musical terms one might think of X [1] asdenoting the fundamental and X [K]
for k > 1 are then the harmonics®

In generalthough, the sequencex[n] contains sinusoids’ of frequenciesthat
are not multiples of ZW and hencenot N -periodic. The resulting e ect on the
DFT of the windowed segmei x;[m] is known as leakage, becausesurrounding
bins in the spectrum are also a ected. It is therefore necessaryto nd better
frequency-estimatesrather than using the DFT directly. Section 7 describes
just that.

6.2 The Eect of Windo wing

It is beyond the scope of this documernt to give a detailed mathematical explana-
tion of the windowing concept, asit will require an equally detailed explanation
of FIR Iter designtheory also. Let it therefore suce with a brief outline of
the conclusions.

The spectrum of the window is consideredby its main- and side-lobes. The
width and shape of the main-lobe are important for frequency-resolution, and
the side-lobesare important for leakage-reduction.

As the main-lobe getswider the frequencyresolution gets poorer, but asthe
side-lobesbecomelow quicker relative to the main-lobe, the leakageis reduced.
Sowhile it becomesharder to resolve two sinusoidsclosein frequency the bins

6X [0] is a DC-0 set.
"The term sinusoid is usedthroughout for both the real-valued sequencexi[n] = A cog(! n+
) and the complex exponential sequencexz[n] = Ael(! "* ) with A 2 R for both.
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farther away are now lessa ected by non-N -periodic sinusoids, in short, the
smeaaring of the main-lobe is increasedwhile it is decreasedor the side-lobes.

6.2.1 Hanning Windo w

This implementation usesthe Hanning window:

wim] = k (1 Kk)cos 2m O m L
0 ;else
With k = 0:5 for the Hanning window. To make this symmetric® over the
courseof N samples,setL = N 1. Both end-points are then zero w[0] =
w[N 1] = 0. Either changing k (e.g. to a Hamming window) or setting
L = N + 1 and evaluating wi[m] = wim + 1] for m 2 f0;:::;N  1g will give
non-zeroend-points and a symmetrical curve.

6.3 Post-Syn thesis Windo wing

There are two purposesof post-syrthesis windowing. One is to smooth the
transition of one frame to the next: The more dramatic changesin phaseand
magnitude of a bin in successie frames, the more dramatic artifacts arisein the
form of clicks at the frame-transitions.

Furthermore post-syrthesiswindowing may be intro ducedto form the iden-
tity function along with pre-analysis windowing and overlap-adding, as de-
scribed below.

6.4 Overlap-Add

When any non-rectangular windowing (pre-analysis as well as post-synthesis)
hastaken place, it becomesecessaryto overlap successiely synthesizedframes
to reconstruct the sequence. This form of overlapping is known as overlap-add.

Let y;[n] denote the N -length framesthat are to be overlapped. The syn-
thesis hop-sizeis given by Rg = o%' where Og 2 N. is the synthesis hop-factor
and should satisfy Rs 2 N, .1° The t'th output frame of the overlap-adding is
y[n] of length Rs. The overlap-add formula is then:

oK 1
y[n] = yi t[n+  tRg] )

t=0

Where y;[n] = O;n 62f0;:::;N 1g. Intuitiv ely y[n] can be understood as
the summation of the current and previous Os 1 frames of y;[n], eat frame
being o set by another Rg samples.

8This implementation usesthe periodic window though.

9Windo ws with all samples being non-zero have an inverse (the reciprocal) that can be used
in reconstruction. But as post-synthesis windowing is required for this application, overlap is
needed anyway.

10This implementation will crash otherwise.
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For perfect reconstruction, the combined e ect of windowing and overlap-
adding must result in the identit y function.

Sincey[n] is only Rs sampleslong, the overlap-adding must be performed Os
times to produce N samples,where ead input frame y¢[n] must be generated
accordingto the principles described below.

6.5 Amplitude Mo dulation of Windo wing

If no overlap-addingis used, the windowing will trivially imply amplitude mod-
ulation. Depending on the window type, di erent amounts Og of overlap-adding
are neededto overcomeamplitude modulation. Although not studied further
in this documert, it is however noted that the Hanning window will exhibit
amplitude modulation for Os < 3 when both pre-analysis and post-syrthesis
windowing is used. If windowing is only performed once,then amplitude mod-
ulation will occur for Og < 2.

6.6 Amplitude Comp ensation

Depending on the type of window and Rg, overlap-adding potentially increases
the amplitude of y[n] comparedto x[n], which must be compensated. Assuming
yt[n] equalsx;[n] windowed, the resulting scaling corresponding to Eq. (5) is:

g( 1
s[n] = wn+ tRg]
t=0

That is the sequences[n] is of length Rs. Also assumingno amplitude modula-
tion occurs, y[n] must be x[n] scaledby the averageof s[n]:

P Rs 1 P Rs 1 P Os 1
S s ; + R
avg(sin)) = M = e ulhr Rl
— _ % win}*wn+Rs]+ wn+2Rs]+  +wn+(Os 1)Rs]
Pn o1 Rs
- n =0 W[n]
Rs

Becausex[n] is itself windowed with w[n] (i.e. pre-analysis windowing), the
actual amplitude scaling of x[n] is thus given by:

P N 1 2
n=o0 (W[n])
OT (6)

7 Phase Unwrapping

As noted above, in generalit can not be assumedthat a sequencds generated
from a sum of sinusoids equally spacedin frequency or speci cally N -periodic.
The leakage of the DFT that results from an input sequencewith a sinusoid
of frequency not matching any of the bins' frequencies,tells us that a bin may
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contain information of sinusoidsnot belongingto the frequency-bandthe bin is
thought to cover.

Thereforeit is desirableto reducethe number of bins a ected by this leakage
and decidethe true frequencyfor the bins that are still a ected. Using Eq. (4)
to transform x[n] the leakageis reduced, while the following provides a way to
uncover the true frequency of the tracked sinusoid.

7.1 True Analysis Frequency

The following valuesare found for ead bin.

Let ! ; denotethe true analysisfrequency Wethenwishto nd ! ;=1 +! 4
where ! = ZWk is the frequency assaiated with the k'th bin, and ! 5 isits
deviation in frequency from the true analysisfrequency

Let ( =\ X(k]2 [ ; ]bethe phaseat the t'th (current) frame. And
similarly ; 1 denotesthe phase of the previous analysis frame. Let ([!]) 2
[ ; ]denote! wrappedto the range[ ; ]sothat &' = &) alsoknown
asthe principal determination.

The key to discovering the true frequency is to understand how X [k] is
expected to ewolve from one frame to the next, how it actually ewlved, and
deducingfrom this the deviation of phaseand frequency X [k] can be considered
a complexexponertial sequencen that this is how it contributes to synthesizing
x[n], by determining the phase-o set and magnitude of the k'th partial WY,
which follows from the simple fact:

X[Kle = jXx[klje' *KMg = jx[k]je+ ' XKD

7.2 Exp ected Phase-di erence

Assuming the input sequencex[n] is N -periodic, the expected phasedi erence
of X¢[k] from oneframe to the next is ZWk Ra, i.e. the frequencymultiplied by
the number of samplesthe two framesare apart. The phasesmust then satisfy:

dt=¢d(t 1+ (3-K)Ra) — gt 1+(2Wk)gj) =d(t 1+ 5-K)
m h
(D= 1+5k

Which of courseis equivalert to

2
t = t1+o—k (7)

a

Note, if O = 1 (i.e. the hop-sizeis N, hencethere is no overlapping of the
analysis frames), then

t=(t1*+2K)=0(t¢ D= 1
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7.3 Phase-deviation

But when x[n] is not N -periodic, the phaseof a bin in successie frames will
di er from that predicted by Eq. (7). This deviation in phaseis produced over
Ra samples,sothe frequencydeviation ! , must satisfy:

o (1 aRa+ okt 1) = g o @8)

Intuitiv ely, becausethe function € is 2 -periodic it is not possibleto de-
termine from just  and ; 1 how many cycles(excl. deviation) were actually
in the input sequence- it may be any r 2 Z (within bandwidth boundaries),
so all that can be known is how much the phase deviated within the range
of [ ; ] and how this translates to a frequency deviation over R, samples.
Eq. (8) becomes:

ei(! aRa+ 3—k+ ¢ 1) _ g

m

d! aRa = gl v 1 57K

m

[ aRaD=( ¢ 1 &K

SinceR, 2 R, is given,! 5 must satisfy:
! aRa
m
/o la o’
h [

Or equivalently ! 22  z=; & , which of courseis satis ed by the following

(known as phaseunwrapping):

(¢ 1 KD

] —_ a

a — Ra

To recap, the true analysisfrequencyis thus given by:

(e 1 &K
Ra

2
la=t+1 o= Trk+

9)

The true analysisbin is the non-discrete bin-number assaiated with a true

frequency: by = !5 2 R, sothat when!, = %-k then b, = k. Since
the deviation ! , is limited to " in frequency it is equivalertly limited to
I at = A = S pins. If the actual deviation is greater, then this

method no Ionger guaranteescorrect estimates, it is therefore essetial that the
leakage is greatly reducedat bins farther away, which is (somewhat) provided

by Eq. (4).
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7.4 Time Stretc hing

In [5] a simple way of doing time-varying time-stretching is described By keep-
ing Rs xed and varying only R,, the time-stretching factor can be changed
for eadh frame. The method allowsfor swesping betweenregular time-stretching,
time-stretching while playing the input backwards (R, < 0), freezingthe input-
frame by not moving the analysis window (R, = 0), etc. For jR,j > N the
analysiswill skip samplesof x[n], but this was not found to be a problem.

7.5 Mapping !, to \ YikK]

In general the true synthesis frequency' = 1, doesnot match any bin fre-
guencyexactly ®k 2 f0;:::;N  1g:!s k |e b; 6X0;:::;N 1g. Sothe
situation of obtaining \ Y; [k] canbe conS|deredthe inverseof obtalning the true
analysis frequency! , from \ X[k], i.e. we must model how an analysis Y,9k]
of y¢[n] would changethe analyzed\ Y9k] over the courseof one frame if y;[n]
had a sinusoid of frequency! s, so\ Y;[k] must be o set with the appropriate
phase-deviationfrom the previous to the current frame.

Now let { =\ Yi{[kK]2 [ ; ]bethe phaseat the t'th (current) synthesis
frame. And similarly  ; denotesthe phaseof the previous synthesis frame.

The complex exponertial sequencex;[n] of frequency! ¢ and phase 1 will
over Ry samplesewlve to

Xl[RS] = e|(I sRs+ ¢ 1)

Therefore we wish to obtain the phase  satisfying:

¢t = xifR= €0t
m
Cd) = ([@sRst+ ¢ 1))
m h i
t = (['sRs+ 1] = ZWON—S+ t 1
h i
= bscz)—s"' t 1

Conceptually one might think of the phasedeviation as occuring over Rg
samples, hence  is only fully accurrulated at the rst sample of the next
frame t + 1. Adhering to this conceptwould split the polar represenation into
jY[K]j for frame t and \ Y [k] for frame t + 1, and would furthermore force all
partials for the rst output frame to have 0 phase. Although special casessuch
as integer time-stretching ratios, can be improved by proper selection of initial
phases,it appearsto be of lessimport in general,and the previous phases ; 1
are henceinitialized to zero, and the polar represertation is not split between
adjacert frames.
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7.6 Algorithm Overview

Window input to generatethe input or analysisframe (N -length) x;[m] =
X[tR a3 + miw[m].

FFT this to generateX[k].

For each k calculate Y;[k] by rst using Eq. 9to nd by for X[k], then
map this to \ Y;[k], and nally setjY;[k]j = jX[K]j.

InverseFFT on Y;[k] to generatey;[n].
Window this to generatew[n]y;[n].

Overlap-addwith previousoutput to producethe actual output frame y[n]
(Rs-length) of the phase-wcoder. Amplitude-compensateusing Eq 6.

8 Phase Locking

The algorithm outlined in section 7.6 does not take the structure of X [k] into
account. Sinceleakageis only reducedand not completely removed, sinusoids
will still in uence their neighbourhood bins. This is used explicitly in the fol-
lowing methods, the generalidea being that Y [k] should mimic how X [K] looks
in the vicinity of peaks.

8.1 Phase Coherence

The kind of phase coherenceof the synthesis phasesadressedin section 7 is
known as horizontal phase coherencesince it ensuresthe phasesare kept co-
herert on a bin-by-bin basis over time. Phaselocking dealswith the socalled
vertical phasecoherencewhich is the phaserelationship betweenthe bins within
a frame.

In generalmanipulating the phasesis risky business,if done slightly wrong
the e ect will sound phaseyas two sinusoids of the same frequency - but at
skewed phases- are crossfaded(i.e. overlap-added). When done optimally, the
partials will sum up to produce the correct non-N -periodic time-stretched or
pitch-scaledsinusoids.

8.2 Peaks

A bin X[k]isapeaki jX[k 1] jX[k]j jX[k+ 1]i. In the following it is
assumedthat at leastonepeakwasfound. Sinceit is possiblefor all bins to have
the samemagnitude, using strictly lessand greater comparisonsfor determining
whether a bin is a peak (which conceptually makes sense),could result in no
peaksbeing found.

Let k; designate an index assaiated with index k, meaning that X [k;] is
the peak dominating X [k], and Y [k] is then the mapping of this X [k;]. The
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dominating peak is taken to be the closestpeak, in the caseof equal distance
to left- and right-hand peaks,the largest one (magnitude-wise) is dominating.

The algorithm for nding peakscalculatesa peak-mapthat mapsead index
k to k;: First the peaksare found, then for ead bin the distanceto the left-hand
peakis found, then this is comparedto the distanceto the right-hand peak and
the closestoneis chosen.

8.3 Identit y Phase Locking

This method directly imposesthe relationship betweenthe analysis phasesof
the sourcebins X [k] and their peaksX [k] to the destination bins Y [K]:

VYK =\ Y[+ \ XK\ X[ki] (10)

Now de ne the phasorZ[k]= & ,where =\ Y[k] \ X[k]. This yields
Y [k] for a peak's region of in uence by performing a complex multiplication:

YIKI= Z[kIX[K]= & X[k]= € jx[k]je" * ¥ = jX[kjje' VTart XL A Xkl

8.3.1 Algorithm

The algorithm of section 7.6 hasits step mapping X[Kk] to Y;[K] replacedby the
following:

Generate peak-mapfor X[K].

For eath peak X[k] calculate its true analysisfrequency! 5, map this to
the true synthesis frequency and synthesis phase. Calculate the phasor
Zlk]=¢€ .

For eadh k calculate Y [k] = Z[k(]X[k].

9 Pitc h Scaling

As depicted in section 2, altering the length of a sequencealso alters its pitch.
Time-stretching this new sequencebadk to the original length results in the
desiredpitch-scaledsequence.t is possibleto interchangethe ordering of time-
stretching and sample-ratecornversion, but the combination of thesetwo are the
basis of traditional pitch-scalingwith the phase-wocoder.

9.1 Spectrum Scaling

A method is described in [10] for pitch-scaling by mapping of X [K] onto Y [K]
(of equal length). The idea is closely related to the conceptual idea of scaling
the spectrum in that the contents of bins are simply moved according to the
pitch-scaling factor p.

A rst attempt could be to calculate the true synthesisfrequency! s = p! 4
for eadh ! 5 assaiated with the bins X [k]. Sinceonly one bin Y [ph,] is then
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usedper! 4 or by, the necessaryeakageis not recreatedin Y [k], becauseit can
be expected that there will be gapsin Y [k] of empty bins as seweral X [k] will
map to the sameY [ph,], or becauseph, is beyond f0;:::;N  1g.

To recreate the appropriate leakage in Y [k] neededto model sinusoids in
y[n] of frequenciesthat are not multiples of Z-, the approad is reversedin that
for eadh Y [K] the source-bin't X [%] is found and its true analysisfrequency! ,
is usedto nd the true synthesisfrequency! s = p! 5 (or equivalently the true
synthesis bin number bs = phy) that is to be mimicked by Y [k].1?

This backwad propagation may cause problems however, since the factor
p in p! 4 will also scalethe frequency deviation and for p> 1, ! s may end up
exceedingthe rangeof frequencieshe synthesisbin Y [k] is capableof mimicking.
This is presenly ignored though.

For p < 1 (decreasingthe pitch) the upper part of the spectrum will be
empty. A method called spectral copying is outlined in [11] for regenerating
these higher frequenciesfrom the lower ones.

Since pitch-scaling requiresy[n] and x[n] to be of the samelength, the anal-
ysis and synthesishop-sizesshould be equal: R; = Rs - although they candi er
if time-stretching is to be performed simultaneously.

9.1.1 Algorithm  Overview

The algorithm of section 7.6 hasits step mapping X[Kk] to Y;[k] replacedby the
following:

For eat k calculate the true analysisbin b, assaiated with X[k].

For eath k calculate\ Y;[k] from the true analysisbin b, assaiated with
Xt[%], scaledto obtain the true synthesis bin: bs = ph,. Set|jY;[K]j =
XKD

9.2 Pitc h Shifting

Pitch-shifting could be added for an interesting e ect. While pitch-scaling con-
ceptually scalesthe x-axis of the spectrum, pitch-shifting of courseshifts it and
hencedoesnot presene the harmonic relations of the spectrum. The sourcebin
would then be: X [% s] with s beingthe amourt of shift, and the true synthesis
bin would then be given by: bs = ph, + s.

9.3 Spectrum Scaling With Identit y Phase Locking

Combining spectrum scaling with identity phase locking, leads to a method
wherethe ertire region of in uence surrounding a peak X [k] is shifted by b =

11The real-valued index is simply truncated or rounded to an integer. Similar to section 2
there are more sophisticated methods.

12 Recreation of leakage may be considered a simple attempt to provide vertical phase co-
herence as described in section 8.1.
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ki(p 1), corresponding to scaling the peak only and shifting the bins in the
region of in uence.*® Again it is assumedthat the shift is an integerb 2 Z.

This region-shifting is well-de ned for p > 1, but whenp < 1the compression
of the spectrum will causeoverlapping of the mapped regions. The following
rules were usedinstead of the summing suggestedin [12].

If more than one peakmapsto a Y [k for k°= k+ b , then the peak with
largest magnitude jX [k]j is chosen.

At most one X [k] maps to ead Y[k9 - i.e. no overlapping of region of
in uence.

Overlapping regionsof in uence are divided evenly betweenthe peaks.

The moving of a bin requires an adjustment of the phases,again the ertire
region may by multiplied by a phasor:
2

Z=¢b ¥R = b o5

To ensurehorizontal phasecoherence this is accunulated for ead destination
bin: Z([k% = Z; 1[k9Z, with Zo[k% = 1. This meansthat no phase-uwrapping
is required. If Os = 2 then the phasoris simply Z = ° |, meaning:

Z: 1]K] ;b even

ZdkI= " 727K b odd

Although, Os = 2 will causeamplitude modulation with the chosenwindow
(Hanning), asdescribed in section 6.5.

Since no backwad propagation is used, there will likely be holesin Y [K] for
p > 1, perhapsthesecan be cleverly lled to improve quality further.
9.3.1 Algorithm Overview

The algorithm of section 7.6 hasits step mapping X[Kk] to Y;[k] replacedby the
following:

Generate peak-map for X [K].

Map ead peak X[k/] to Y¢[pk], resolving con icts by choosing the one
with the greatest magnitude.

Create phasorsfor the chosenpeaks.

For ead of the mapped peaksin Y;[k9, shift the corresponding region of
in uence from X.[k], solving any conict by selectingthe source having
the shortest distanceto its peak.

Accumulate the phasorfor ead Y;[k] and multiply Y;[K] with it.

13pitc h-shifting of the entire spectrum can then trivially be added by further shifting b .



10 IMPLEMENT ATION 16

10 Implemen tation

The programming languageusedis C++. Implementation is donein the
context of the author's own DSP-library named Yggdrasil**.

The output is an executable le that will processa 16-bit WAMe. Al-
though the corversion to/from internal represenation (oating-p oint),
should support platform dependert endian-conversion aswell, it has only
beentested on Mac PowerPC.

The virtual function DoTick implemerts the di erent phase-wocoding schemes
in their respective subclasses.Someof theseassumethat anaHop(i.e. Ry)
equalsRs.

The FFTW implementation of the FFT is usedto realizethe one-dimensional
real-valued FFT. A seperate Codewarrior project hasbeenmadethat com-
piles the FFTW asa library. A wrapper-classis then made utilizing this
library, for smooth integration with Yggdrasil - it does not utilize all of
FFTW's featureshowever (its measureand wisdom featuresin particular).

FFTW usesthe identities found in section 4.1 to minimize the size of the
arrays.

Wrapping of \ Y [K] is not necessaryif the trigopnometric implementation
takes argumerts beyond [ ; ]. It doeshowever keep\ Y[k] stable in
that it will not gointo 1

The parametersN = 2048 and Os = 4 i.e. 75% overlap, and the IPL
pitch-scaling phase-wocoder are used by default, but may be changed by
altering mainpvoc.cpp .

The output is not clipped/saturated to [ 1;1], though the input of the
le-writing is in order to avoid wrapping distortion when converting to
integer. No dithering is applied.

There is no explicit error-handling.

10.1 Relevant Source-code Files

The actual phase-wocoder variations are implemented in a number of C++
classes:

{ LYggPhaseVocodemh /cp p
Is the base-classand implements the basic phase-wocoder algorithm
of section 7.6. It can be found in appendicesA and B.

141n minimized and modied form to retain only the parts relevant for this project. The
copyright notice is void in these les asthey are part of a Univ ersity project.
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{ LYggPhaseVocodelPL.h/c pp
Is the Identity Phase Locking algorithm of section 8.3.1. It can be
found in appendix C.

{ LYggPhaseVocodePitch .h/cpp
Is the pitch-scaling algorithm of section 9.1.1. It can be found in
appendix D.

{ LYggPhaseVocodePitch IPL.h/c pp
Is the pitch-scaling algorithm of section 9.3.1. It can be found in
appendix E.

The additional routines and wrappers neededby the phase-wocoder can
be found in LYggRFFT.h/cpp YggWrap.h LYggAudioFileWAV .h/c pp, etc.

10.2 Installation

The Codewarrior FFTW project is found in FFTW/fftw.mcp, however the
library fftw.lib is already built. All les of the FFTW distribution are
included.

The Codewarrior phase-wcoder project is found in pvoc.mcp and is built
to the executable le pvoc.

10.3 Optimization

Beyond replacing the DFT with the FFT not much attention was paid to opti-
mization. The inner-loopscontain a number of trigonometric function-calls and
their combined usescould be replaced with appropriate approximations. In-
nerloop division with constarts are replacedby multiplication of the reciprocal
constart asdivision is much more computationally intensive.

It is possiblethat some choices of windows and frame-sizesgive room for
further optimization. Also vector-computation is possiblefor the FFT and cal-
culation of the propertiesrelated to X [k] and Y [k]. And the usageof temporary
bu ers/arra ys could also be optimized.

11 Testing

All variants weretested with an excerpt of polyphonic classicalmusic sampledat
44:100Hz, and various choicesof parameters. A number of tests are included on
an audio-CD. In generalit wasfound that selectingN too low (e.g. 512) would
intro duce very audible artifacts for both time-stretching and pitch-scaling. Set-
ting N = 2048would give decen results, albeit still with artifacts. Increasing
N further givesan even softer sound, but also more reverkerant and distant.
For time-stretching the output of the standard phase-wocoder is consisterily
lower in amplitude than that of the IPL-version. When comparing the output
the levelsmust be matchedto avoid the louder is better syndrome. The di erence
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betweenthe two methods is most audible with large time-stretching-factors in
which the IPL version sounds lessjittery and more focused, but still having
drunk warbling though.

Regarding pitch-scaling, for larger factors (e.g. p > 2) the IPL-v ersiontakes
the cake. It remains rather smooth comparedto the standard version which
soundsterribly jittery . For p < 1 and also factors closeto 1, the dierence is
hard to assessput the standard version appearsto sound better in that it is
slightly lessjittery . This can be helped somewhatby increasingN though.

11.1 Consistency Measure

Introducing a mathematical measureof sound-quality is interesting not to say
brave. First o a mathematical measureof quality seemsto be required simply
becausethe quality is actually not good enough, hence the e ect of phase-
vocoding is also not fully understood.

Therefore one should expect a mathematical measureto have a bias towards
the existing solutions to the problem of time-stretching or pitch-scaling, and as
such may be rooted in a sub-optimal understanding.

It is further noted in [4] that the time-domain based PSOLA algorithm
sounds better (on speed) but rates worse in their mathematical consistency
measure.

11.2 Inverse Pro cessing

Another interesting testing method is described in [9] in which two phase-
vocoders are put in successiorone with the inversetime-stretching factor. The
idea is appealing becausea time-stretched sound may sound arti cial simply
becauseits duration has changed, and the method then seeksto isolate the
artifacts introduced by the processof phase-wcoding - of courserealizing that
the inverseprocessingmight remove theseagain. The result of their e orts was
however still that phase-wcoding su ers from the introduction of artifacts.

12 Impro vement

Perhaps fewer peaks can further improve the phase locking methods,
this can be implemented as post-processingof the peak-map in a num-
ber of ways, e.g. only allowing one peak for every | bins, selecting the
(magnitude-wise) largest.

Choice of windows could be investigated further.

Choice of datatype should be investigated in general, i.e. where does
float suce and whereis double needed,etc. The feedbak in (some)
IR Iters cancauseDC-o sets if too low precisionis used, perhapssimilar
errors exist in the accumulation of phases.
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Investigate if Y[k] can be even better generated, perhaps some form of
convolution hasits placein ensuring vertical phasecoherence.

Investigating other meta-represemation of X [k] than just peak-maps of
section8.2. Perhapssometype of analysiscould allow for formant-preservation
or formant-only modi cation.

Stereo-imagingis normally sough presened in signal processingby lin-
ear phaseprocessing,identical alteration of dynamics, and the like. The
phase-wcoder works independertly for each channel, and hencedisregards
stereoimaging. Oncethe generalauditory issueshave beenresolved, stereo
imaging should be considered.
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A LYggPhaseVocaa .h

Z Copyright2002-20 03 by Thurs. All rights reserved.

Z LYggPhaseVocoder

Z Base-class for the phase vocoder, implements the standard phase vocoder
/I for time-stretching.

% Magnus EH Pedersen

#pragma once

#include "LYgQgRFFT.h"

#include "LYggHanningWindw.h"
#include "LYggOverlapAdd. h"
#include "YggSamplePt.h"
#include <complex>

namespace Yggdrasil

{

/. e e e e e e
class LYggPhaseVocoder
{
public:
/I nis the numberof bands in the FFT (i.e. n/2 becase x[n] is
/I realvalued), assumedto be even.
/I Osis the number of synthesis overlaps, or synthesis hop-factor
/I (synthesis hopsize is n/Os).
LYggPhaseVocoder (int n, int Os);

virtual ~LYggPhaseVocode ();

/I input is of length N, output of length Rs = N/Os

/I input is offset by anaHopsamples from the previous call.

/I (Fractional delay is possible).

void Tick (YggSamplePt *input,
YggSamplePt*output, float anaHop);

protected:
/[l Override this to do mapping from analysis to synthesis bins.
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virtual  void

protected:
std::complex<Ygg Sarpl ePt>

YggSamplePt
YggSamplePt
YggSamplePt
YggSamplePt
YggSamplePt

YggSamplePt

const YggSamplePt

const int
const int

const int
const int

private:

3

LYggRFFT
LYggHanningWinda
LYggOverlapAdd

DoTick

} /lend namespaceYggdrasil

(float
*mFreqDomain; //
*mTimeDomain; //

*mPrevSynPhase; //
*mPrevAnaPhase; //

*mTrueBin; I
*mAnaNorm; 1
mRescale; 1

21

anaHop);

X[k], analysis bins.
Temp. buffer for windowing.

Accumulation of synthesis phase.
Previous analysis phase.

True analysis bin.
Magnitude/norm of analysis bins.

Rescale-factor due to windowing

/I and overlap-add.

kPhaseExpect; /I

kRs; 1
kOs; 1

kN;
kHalfN; 1

MRFFT;
mWindow;
mOverlapAdd;

Expected synthesis phase difference.

kN/kOs
Synthesis overlap factor.

kN/2
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B LYggPhaseVocaet.c pp
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/I Copyright2002-20 03 by Thurs. All rights reserved.
/I LYggPhaseVocoder

/I MagnusEH Pedersen

#include "LYggPhaseVocodeh "
#include "YggWrap.h"
#include "YggConstants.h"

namespace Yggdrasil

{
Il

LYggPhaseVocoder. LYggPhaseVocoder (int n, int Os) :

MRFFT(n),
mwWindow(n),
mOverlapAdd(n, n/Os),
kN(n),

kHalfN(n/2),

kRs(n/Os),

kOs(Os),
kPhaseExpect(kPi 2/ Og9
{

int i
/I Assumeall allocations OKG###

mTimeDomair= new YggSamplePt[kN];
mFreqDomain= new std::complex<Yg gSampeP t> [k HalfN];

mPrevSynPhase= new YggSamplePt[kHalfN];
mPrevAnaPhase= new YggSamplePt[kHalfN];
mTrueBin = new YggSamplePt[kHalfN];
mAnaNornx new YggSamplePt[kHalfN];

/I Reset previous phases.
for (i=0; i<kHalfN; i++)
{

0;
0;

mPrevAnaPhase[i]
mPrevSynPhase[i]
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}

23

/I Calculate rescale-factor due to windowing and overlap-adding.

for (i=0, mRescale=0; i<kN; i++)

{
YggSamplePt myW= mWindow.Lookup(i);
mRescale += myW*myW,;
}
mRescale = kRs / mRescale;
}
I
LYggPhaseVocoder. ~LYggPhaseVacoder 0
{
delete [ mTimeDomain;
delete [] mFreqDomain;
delete [] mPrevSynPhase;
delete [] mPrevAnaPhase;
delete [] mTrueBin;
delete [] mAnaNorm;
}
]
void
LYggPhaseVocoder. Tick (YggSamplePt *input, YggSamplePt*output,
float anaHop)
{

int i

/I Windowinput frame.
for (i=0; i<kN; i++)
mTimeDomain[i] = input[i] * mWindow.Lookup(i);

/I Transform to get frequency domain representation.
MRFFT.Transform(mTiméorai n, mFregDomain);

/I Calculate norm for analysis bins
for (i=0; i<kHalfN; i++)
mAnaNorm[i] = std::abs(mFregD omaén [i] );

/[ (Virtual)  Mapfrom analysis to synthesis bins.
DoTick(anaHop);

/I Inverse transform to get back time domain representation.

mMRFFT.iTransform(mAe gDanan , mTimeDomain);
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/I Windowoutput of iFFT to smooth transition  between frames.
for (i=0; i<kN; i++)

mTimeDomain[i] *= mWindow.Lookup(i);
/l QOverlap-add and rescale to output.
mOverlapAdd.Tick (mTimeDaman , output, mRescale);

}

/)

void

LYggPhaseVocoder. DdTic k (float  anaHop)

{
const YggSamplePtkAnaPhaseExpect = anaHop*(kPi2/kN);
const YggSamplePtkAnaPhaseExpecR = 1.0/kAnaPhaseExpect;
for (int i=0; i<kHalfN; i++)

{
/I Analysis
YggSamplePt myNorm= mAnaNorm([i];
YggSamplePt myPhase= std::arg(mFregDom ai n[i ]) ;
YggSamplePt myFreqgDeviate = YggWrap(myPhase mPrevAnaPhaseli]
- kAnaPhaseExpecti, kPi);
YggSamplePt myBinDeviate = myFregDeviate * kAnaPhaseExpecR,;
YggSamplePtmyTrueBin = i + myBinDeviate;
mPrevAnaPhase[i] = myPhase;
/I Synthesis
YggSamplePt mySynPhase= YggWrap(myTrueBin*k PhaseExpect
+ mPrevSynPhasel[i], kPi);
mPrevSynPhase[i] = mySynPhase;
mFregDomain[i] = std::polar<YggSam ple Pt>(myNrm, mySynPhase);
}
}

I

} /lend namespaceYggdrasil
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C LYggPhaseVocodé PLc pp

/I Copyright2002-20 03 by Thurs. All rights reserved.
/I LYggPhaseVocodeiPL

/I MagnusEH Pedersen

#include "LYggPhaseVocodelP L. h"
#include "YggPeakMap.h"

#include "YggWrap.h"

#include "YggConstants.h"

namespace Yggdrasil

{

i

LYggPhaseVocodelPL: :LY ggPhaseVocoder IPL (int n, int
LYggPhaseVocodefn, Os)

{

/I Assumeall allocations OKG###

mPhasor = new std::complex<YggS anple Pt>[k Hdf NJ;
mPhasorPhase= new YggSamplePt[kHalf NJ;

mPeakMap= new int[kHalfN];

}
I
LYggPhaseVocodelPL: :~L YggPhaseVocoderlP L 0
{
delete [] mPhasor;
delete [] mPhasorPhase;
delete [] mPeakMap;
}
i
void
LYggPhaseVocodelP L: :DoTi ck (float  anaHop)
{

const YggSamplePtkAnaPhaseExpect = anaHop*(kPi2/kN);
const YggSamplePtkAnaPhaseExpecR = 1.0/kAnaPhaseExpect;

int i
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/I Find local maxima.
YggPeakMap(mAnahn, mPeakMap,kHalfN);

/Il Create phasor for the peaks.
for (i=0; i<kHalfN; i++)

{
YggSamplePt myPhase= std::arg(mFregDom ain[i ]) ;
if (mPeakMapli]==i)
{
/I Analysis
YggSamplePt myFregDeviate = YggWrap(myPhase mPrevAnaPhaseli]
- kAnaPhaseExpectt, kPi);
YggSamplePt myBinDeviate = myFreqDeviate * kAnaPhaseExpectR
YggSamplePtmyTrueBin = i + myBinDeviate;
/I Synthesis
YggSamplePt mySynPhase= YggWrap(myTrueBirtkPhaseExpect
+ mPrevSynPhase[i], kPi);
/I Create and store phasor and its phase.
mPhasor[i] = std::polar<YggSam ple Pt>(1.0, mySynPhase-myPha&g;
mPhasorPhase[i] = mySynPhase-myPhas
}
mPrevAnaPhase[i] = myPhase;
}

/[ Multiply all bins with the phasor of their peak.
for (i=0; i<kHalfN; i++)

{
YggSamplePt mySynPhase;
mFregDomain[i] *= mPhasor[mPeakMdp ];
mySynPhase= mPhasorPhase[mPakMap[i] ]+ mPev AraPhase[ i];
/I This is needed for calculating the phasor of the future peaks.
mPrevSynPhase[i] = mySynPhase;
}

I

} /lend namespaceYggdrasil
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D LYggPhaseVocod®it ch.c pp

/I Copyright2002-20 03 by Thurs. All rights reserved.
/I LYggPhaseVocodePit ch

/I MagnusEH Pedersen

#include "LYggPhaseVocodePi tc h. h"
#include "YggWrap.h"
#include "YggConstants.h"

namespace Yggdrasil

{
Il

LYggPhaseVocodePitc h:: LYggFhaseVoooderPit ch (float  pitchScale,
int n, int Os) :

LYggPhaseVocodefn, Os),

mPitchScale(pitc hScale)

mPitchShift(0)

{

/I Assumeall allocations OK###
mFregDomain2= new std::complex<YggS anple Pt>[ kH&f NJ;

mTrueAnaBin = new YggSamplePt[kHdfN ];

}
1
LYggPhaseVocodePitc h:: ~LYggPhaseVacoder Pitch 0
{
delete [] mFreqDomain2;
delete [] mTrueAnaBin;
}
I
void
LYggPhaseVocodePitc h:: Ddric k (float anaHop)
{

const YggSamplePtkAnaPhaseExpect = anaHop*(kPi2/kN);
const YggSamplePtkAnaPhaseExpecR = 1.0/kAnaPhaseExpect;

const YggSamplePtmyPitchScale = mPitchScale;
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}
I

const YggSamplePt myPitchScaleRecipr ocal = 1.0/myPitchScale;
int i;

/I Calculate true analysis bins

for (i=0; i<kHalfN; i++)

{
YggSamplePt myPhase= std::arg(mFregDom ai n[i ]) ;
YggSamplePt myFreqgDeviate = YggWrap(myPhase mPrevAnaPhaseli]

- kAnaPhaseExpecti, kPi);

YggSamplePt myBinDeviate = myFregDeviate * kAnaPhaseExpecR,;
YggSamplePtmyTrueBin = i + myBinDeviate;

mPrevAnaPhase[i] = myPhase;

mTrueAnaBin[i] =i + myBinDeviate;

}

/l Calculate synthesis bins
for (i=0; i<kHalfN; i++)

{
/I Scale/shift  pitch (bin), and round to nearest
int src = std::round(i*myPi tc hScal eReci procal - mPitchShift);
if ((src>=0) && (src<kHalfN))
YggSamplePt myNorm= mAnaNorm[src];
YggSamplePt myTrueSynBin = mTrueAnaBin[src [*myPit chScale
+ mPitchShift;
YggSamplePt mySynPhase= YggWrap(myTrueSyBin*k PhaseExpect
+ mPrevSynPhase[i], kPi);
mFregDomain2[i] = std::polar<YggSam pl ePt>(myNrm, mySynPhase);
mPrevSynPhase[i] = mySynPhase;
}
else
{
mFreqDomain2[i] = O;
mPrevSynPhase[i] = 0;
}
}

std::swap(mFregD omén , mFregDomain2);

} /lend namespaceYggdrasil
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E LYggPhaseVoaterPit chlPL. cpp

/I Copyright2002-20 03 by Thurs. All rights reserved.
/I LYggPhaseVocodePit chlPL

/I MagnusEH Pedersen

#include "LYggPhaseVocodePi tc hl PL.h"
#include "YggPeakMap.h"
#include "YggConstants.h"

namespace Yggdrasil

{
Il

LYggPhaseVocodePitc hIPL: :LY ggPhaseVacoder Pit chiPL (float  pitchScale,
int n, int Os) :

LYggPhaseVocodefn, Os),

mPitchScale(pitc hScale)

{
Il ### Assumeall allocations OK.
mFregDomain2= new std::complex<YggS anple Pt>[ kHdf NJ;
mPhasorAccum= new std::complex<YggS anple Pt>[ kHdf NJ;
mPhasor = new std::complex<YggS anple Pt>[k Hdf NJ;
mPeakMap= new int[kHalfN];
mSrcMap= new int[kHalfN];
mDistMap = new int[kHalfN];
for (int i=0; i<kHalfN; i++)
{
mPhasorAccum[i] = std::polar<YggSa mpleR> (1, 0);
}
}

I

LYggPhaseVocodePitc hIPL: :~L YggPhaseVocoderPi tc hl PL 0
{

delete [] mFreqDomain2;
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delete [] mPhasorAccum;
delete [] mPhasor;

delete [] mPeakMap;

delete [] mSrcMap;
delete [] mDistMap;

}
I

void
LYggPhaseVocodePitc hIPL: :DoTick (float  anaHop)

{
const YggSamplePtmyPitchScale = mPitchScale;

int i;

for (i=0; i<kHalfN; i++)
{
mSrcMap[i] = -1;
mDistMap[i] = kN;
}

/I Find local maxima.
YggPeakMap(mAnahn, mPeakMap,kHalfN);

/I Mappeaks to source-map
for (i=0; i<kHalfN; i++)

{
if (mPeakMap[i]==i)
{
int shift = std::round(i*(my Pitch Scal e-1)) ;
int dest = i+shift;
if (dest>=0 && dest<kHalfN &&
(mSrcMap[dest]==-1 || mAnaNorm[mSrcMpje st ]] <mAaNorm[i]) )
mSrcMap[dest] = i;
}
}

I/l Create phasors
for (i=0; i<kHalfN; i++)
{

int curSrc = mSrcMapi];

if (curSrc != -1)
{



E LYGGPHASEVOCODERAPLCPP 31
int shift = i-curSrc;
YggSamplePtphaselnc = kPhaseExpect*shif t;
mPhasor[curSrc] = std::polar<YggSam pl ePt>(1, phaselnc);
}
int lastPeakindex;

Il Move left->right and shift peak's region of influence
for (i=0, lastPeakindex=-1 ; i<kHalfN; i++)

{
int curSrc = mSrcMapi];
if (curSrc != -1 && mPeakMap|curSrc] == curSrc)
{
lastPeakindex = i;
}
else if (lastPeakindex != -1)
{
int peakSrc = mSrcMap[lastPeakInd ex];
int dist = i-lastPeakindex;
int shiftSrc = peakSrc+dist;
if (shiftSrc>=0 && shiftSrc<kHalfN  &&
mPeakMap[shiftSr ¢c] == peakSrc && curSrc == -1)
/I Dist-checking not necessary first time around.
{
mSrcMapli] = shiftSrc;
mDistMap[i] = dist;
}
}
}

/I Move right->left and shift peak's region of influence, resolving conflicts.
for (i=kHalfN-1, lastPeakindex=-1 ; i>=0; i--

{ int curSrc = mSrcMapi];
if (curSrc != -1 && mPeakMap|curSrc] == curSrc)
{ lastPeakindex = i;
}else if (lastPeakindex = -1)
{

int peakSrc = mSrcMap[lastPeakind ex];
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int dist = lastPeakindex-i;
int shiftSrc = peakSrc-dist;

if (shiftSrc>=0 && shiftSrc<kHalfN  && mPeakMap[shiftSr c] == peakSrc

&& (curSrc == -1 || mDistMapli]>dist ))
{

mSrcMapli] = shiftSrc;

mDistMap[i] = dist;
}

}

/I Mapfrom X[source-map] to Y[K]
for (i=0; i<kHalfN; i++)

{
int  src=mSrcMapli];
if (src!=-1)
mPhasorAccum|i] *= mPhasor[mPeakMdgrc] 1;
mFreqDomain2[i] = mFregDomain[src] * mPhasorAccum(i];
}
else
{
mFregDomain2[i] = O;
mPhasorAccum[i] = std::polar<YggSam pl ePt>(1, 0);
}
}

std::swap(mFreqD oman , mFreqgDomain2);

}
I

} /lend namespaceYggdrasil
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