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ABSTRACT ability to accurately encode the waveform efficiently. Transient at-

. . . . tacks of instruments can be very sudden and broadband, and these
In this paper, we present a system of sines+transients+noise modz e notoriously difficult signals for parametric coders such as si-
eling techniques that dynamically switches between parametric qqigal models. During a transient, transform coding is used to
representations and transform coding based representations. Thg,nresent the signal. At all other times, sinusoidal and noise mod-
sines and noise are represented by parametric models using Mulgjing represent the signal. Because of phase-matching algorithms,
tiresolution sinusoidal modeling and Bark-band noise modeling, the parametric and transform systems can switch seamlessly.
;eSpeCt'ggly' Tlhe t;%@'ems are moﬂel;d by short reglc(;nfs B trians- High-quality time-scale modifications are now possible be-
orm coding. In addition, new methods are presented for selec- ., qe"the signal has been split into sines+transients+noise. The
tion and quar)tlzatlon of sm_usmdal trajectories _based on t.raJeCtorysines and noise are stretched/compressed with good results, and
Ifen%th r‘??d s:)gnal-to-mdqskln%_threggo!l%si(bThls SﬁStem IS useg"the transients can be time-translated while still maintaining their
or o_t ow '"?‘te audio coding (20- F’?) and compressed- original temporal envelopes. In time-scaled (slowed) polyphonic
domain processing, such as time-scale modification. music with percussion or drums, this results in slowed harmonic

instruments and voice, with the drums still havsttarpattacks.
1. INTRODUCTION In this paper, we will first describe the system from a high level
point of view, showing how the input audio signal is segmented in
The goal of this paper is to present a new representation for au-time and frequency. We will then spend one section on each of the
dio signals that allows for low bitrate coding while still allow- three signal models: sines, transients, and noise. In each of these
ing for high quality compressed domain processing, such as time-sections, we will also describe their separate methods of param-
scaling modifications. In the current MPEG-4 specifications, there eter quantization. Afterwards, another section will be devoted to
are compression algorithms that allow for time and pitch modi- compressed-domain time-scale modifications.
fications, but only at very low bitrates (2-16 kbps) and relatively
low bandwidth (8 to 11 kHz sampling rate) using sinusoidal mod-
eling or CELP [1]. In this system, we strive for higher quality 2. SYSTEM OVERVIEW
with higher bitrates (20-40 kbps), while allowing for a larger au-
dio bandwidth (32 kHz sampling rate) and high quality time scale This system segments the audio signal into sines, transients, and
modifications. noise. The first segmentation performed is between transient and

For very low bitrates, audio compression design becomes ahon-transient regions. During non-transient regions, the signal is
problem of deciding what kinds of artifacts to introduce, and de- represented with multiresolution sinusoidal modeling [3] between
ciding how much to reduce them in exchange for a reduced au-0 and 5 kHz, which will be discussed in Section 3. The residual of
dio bandwidth. This is due to the fact the neither transform, nor the original signal minus the synthesized sinusoids is modeled by a
switched parametric/transform coding can be perceptually losslessvariant of Bark-band noise modeling [4], to be detailed in Section
at these bitrates. By utilizing parametric coding at these low bi- 5- Therefore, between 0 and 5 kHz, the non-transient signal model
trates, especially noise modeling, a larger audio bandwidth is at-consists of sines and noise. Between 5 and 16 kHz, there is only
tainable than by using just transform coding [2] alone. noise modeling. Sinusoidal modeling is not performed above 5

To achieve the data compression rates and wideband modificaXHz to reduce the overall bitrate. During transient regions, which
tions, we first segment the audio (in time and frequency) into three last approximately 70 msec, transform coding is performed, as de-
separate signals: a signal which models all sinusoidal content withScribed briefly in Section 4. Careful phase matching is performed
a sum of time-varying sinusoids [3], a signal which models all at- dprlng Fhe_ transition between sines anc_i the transients, so that no
tack transients present using transform coding, and a Bark-banddiscontinuities are heard, even when time-scaled. More on this
noise signal [4]. Each of these three signals can be individually Will be discussed in Section 3. For a graphical example, see Fig-
quantized using psychoacoustic principles pertaining to each rep-ure 1, which shows both the time-domain signal of a drum attack
resentation. and its corresponding time-frequency plane.

Transform coding is used for the transients instead of sinu-  The transient detector carefully decides when to switch be-
soidal modeling [5] or noise modeling [6, 4] because of their in- tween the parametric sines+noise model to the transform coded
transient model. For added stability of the detector, it relies upon
*Work supported by Bitbop Laboratories two different measures. The first measure looks for rising edges
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Figure 1: The initial time-frequency segmentation into sines, tran- time [milliseconds]
sients, and noise. During the time region surrounding the attack, o ) ] o
transform coding is used. During the other times, multiresolution Figure 2: In the top plot, the orlglnal S|gna_1l is shown containing
sinusoidal modeling is used below 5 kHz, and Bark-band noise SPeech and a bass drum hit at time=65 milliseconds. The second
modeling is used from 0 to 16 kHz. plot shows the synthesized multiresolution sinusoids, which are
faded out during the transient. The third plot shows the transform-
coded transient, which is the residual between the original and the
in the short-time energy of the highpassed original input signal. Sinusoids. Only during the frames that the sinusoids are faded in
The second measure examines the ratio of the sinusoidal modelingtnd out, cubic polynomial phase interpolation is used in order to
residual short-time energy to the original signal short-time energy. guarantee phase locking with the transient. The bottom plot shows
If the residual has a low relative energy, then the input signal is the sum of the sines and transients.
well modeled by the sinusoidal modeling (in a mean square sense).
If the residual i lar he original signal (or larger A I . . L
e e 1o he nea logartmic percepion f pich,fequency sl s
that sinusoidal modeling could not well represent. By determin- more important at lower frequencies than at higher frequencies.
ing when both of these measures are concurrently above a given
threshold, a transient region is determined. 3.1. Sinusoidal Phases

It was mentioned in the previous section that sinusoidal modeling
3. MULTIRESOLUTION SINUSOIDAL MODELING normally parameterizes amplitudes, frequencies, and phases. But

for most music, phase information is not needed unless one is en-
Sinusoidal modeling represents an audio signal by a sum of time-coding a transient, or one needs to compute a residual. The noise
varying oscillators, whose amplitude, frequency, and (optionally) is computed from the sinusoidal residual, but it is not perceptu-
phase parameters are updated every frame [5, 6]. From frame taally important for sines and synthesized noise to be phase locked.
frame, the sinusoidal parameters are grouped into trajectories. Thea|so, sinusoidal modeling is not utilized during transients; trans-
parameters in each trajectory are guaranteed to have a limited deform coding is used instead. Therefore, while sinusoidal modeling
viation in amplitude and frequency over time. The trajectories can s representing steady-state tones, the phases of the sinusoids are
have length as short as one frame, or as I&nfyames, where? let to unwind freely as long as certain frame boundary conditions
may be set to bound the latency of the system. are met. This is sometimes referred topimselesseconstruc-

When the sinusoids are to be synthesized at the decoder, thejon. Phaseless reconstruction does not need any explicit transmit-

sinusoidal parameters are interpolated at a sample-rate from theed phase information. But, there is a transition region between
frame-rate parameters in their corresponding trajectory. Instead ofsinusoidal modeling regions and transients, where both sinusoids
parameters updated at every frame boundary, now the parametersnd transform coded data overlap; one is being faded out while the
are updated every sample. This intra-frame interpolation can leadother is being faded in. During this transition, which can be seen
to timing inaccuracies in the synthesis. For example, when a sinu-in Figure 2, the phases of the sinusoids must be correctly aligned
soid abruptly begins, the synthesized version has an amplitude thakt the decoder so as to correctly match the phase of the transform
is linearly interpolated from zero in the frame preceding the onset coded data (computed from the sinusoidal residual). In order to
to the full original amplitude in the frame containing (or following)  assure this, explicit phase information is transmitted for the sinu-
the onset. Because the synthesized audio begins before the originadoids just before and after the transient region. Cubic-polynomial
signal, it is termegbre-echo The shorter the parameter estimation phase interpolation [5] is used only during this region to assure

window, the less pre-echo is a problem. Unfortunately, frequency correct phase alignment. For more details, see [7, 8].
resolution of the estimation process reduces as the window length

reduces.

In order to reduce pre-echo artifacts, the signal is split into
three multiresolution octave-spaced signals [3]. Parameter estimaWith all the sinusoidal parameters estimated and formed into tra-
tion is performed individually on each octave signal; the lowest jectories, the next issue is to decide which trajectories to keep and
octave has good frequency resolution, but has poor time resolu-which to eliminate. Ideally, only trajectories modeling true si-
tion. The highest octave has good time resolution, but has poornusoids would be kept; any attempting to model noise processes
frequency resolution. The reasoning behind this system is that duewould be eliminated, since these will be later picked up by the

3.2. Sinusoidal Trajectory Selection
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Figure 5: The time-frequency region of the MDCT coding of the

Figure 3: SMR statistics of trajectory length of the original param- transient is pruned in order to reduce the bitrate while still main-

eter estimation (lower solid curve) and the results of the trajectory taining high perceptual quality.

selection process (upper dotted curve). The numbers next to each

circled point on the curves show the total number of trajectories at

the given length in the analyzed audio signal. 3.3. Sinusoidal Trajectory Quantization

After the trajectory selection, each sinusoidal parameter is quan-
tized to its just noticeable difference (JND) in amplitude and fre-
qguency. Any trajectory with a sufficiently low SMR is downsam-
pled by two (in time), and then interpolated at the decoder. All

3

. kept sinusoidal trajectories trajectories are time-differential_ly encoded, §cala_r quantized, and
. Huffman encoded. For most signals, the sinusoids took 8 to 12
kbps.
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4. TRANSFORM CODED TRANSIENTS

eliminated sinusoidal trajectories

average signal-to—mask ratio [dB]

When the transient detector deems a given time region a transient,
r then that region is encoded using standard transform coding tech-
nigues [2]. Each window is 256 points long (at 44.1 kHz sampling
) ) ) ) rate), with 50% overlap, and is transformed using an MDCT. In
Figure 4: Any trajectory in the bottom left region of the average- iqtq| 24 overlapping short windows are used across the transient
SMRitrajectory-length space in the above figure will be elimi- yagion. Special care is taken at the transient region boundaries to
nated. assure that aliasing cancellation is provided for [8]. In order to re-
duce the overall bitrate, the time-width of the transient is reduced
at high frequencies, from 70 msec to 30 msec. The time-frequency
plane of this pruning procedure can be seen in Figure 5, which re-
duces the number of MDCT coefficients by 30%, with no audible
“distortions on the many pieces of music tested. The time-width of
the transient MDCT coefficients can be modified individually for
many frequency ranges, not just two as shown in Figure 5.

S
trajectory length [msec]

Bark-band noise modeling algorithm. This selection process will
lower the bitrate and improve the quality of time-scale modifica-
tions. The first step in the selection process is to compute a signal
to-masking ratio (SMR) threshold for the synthesized multiresolu-
tion sinusoids. Then, for each trajectory, a time-averaged SMR is
computed. As can be seen in the lower solid curve in Figure 3, the
original parameter estimation returns short trajectories with low
or negative SMR. As the trajectories become longer, the average 5. NOISE MODELING

SMR slowly increases. In addition, the number of trajectories is

by far the greatest at length 1, and then (approximately) exponen-Based on the work of [4], Bark-band noise modeling is used in the
tially decreases as the trajectories get longer. These data suggesystem. From 0 to 5 kHz, the residual between the original and
that the parameter estimation is modeling noise with many sinu- the synthesized sinusoids is split into ten bands of equal width on
soidal trajectories of short length. To eliminate these, a selectionthe Bark scale (only during the non-transient regions) using FFT
metric is devised that is a function of both trajectory length and methods. For every 23 msec frame, an energy level is encoded
average SMR. Any trajectory with either sufficiently short trajec- for each band, and then quantized. At the decoder, a piecewise
tory length or low SMR, or some linear combination of both, will linear magnitude spectrum is formed using the band energy. Ran-
be eliminated. As a result of the trajectory elimination, the only dom spectral phases are used, and the noise is synthesized using
remaining short trajectories have a high SMR, as seen in the dot-an IFFT. On average, this residual requires 2 to 3 kbps. From 5
ted curve in Figure 3. It can be assumed that these trajectories aréo 16 kHz, during non-transient regions, only noise modeling is
actually short-lived spectral peaks. By eliminating many short and present (no sinusoids are used). This region is split into six Bark
low SMR trajectories, the sinusoidal bitrates decreased by as muchbands, and the same noise synthesis procedure is performed on 3
as 50%. msec frames. To reduce the bitrate, line segment approximation
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Figure 6: The top plot shows a Bark band (8000-9200 Hz) RMS-
level energy envelope for about 300 milliseconds. The bottom 2
plot shows the line segment approximated RMS-level energy en- 0
velope. The circled points are the transmitted envelope points, and
the remaining points are linearly interpolated using the transmitted
points.
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seen in Figure 6. This nonlinearly smoothes the trajectories, and
represents the high frequency noise using 3 to 4 kbps.

Figure 7: This set of plots shows how time-scale modification is
performed. The original signal, shown at top left, shows two tran-
sients: first a hi-hat cymbal hit, and then a bass drum hit. There
One advantage of parametric coders is that compressed domaimyre also vocals present throughout the sample. The left-side plots
modifications are relatively simple to perform. However, com- show the full synthesized signal at top below the original, and then
pressed domain processing such as time-scale modification is alsehe sines, transients, and noise independently. They were all syn-
easy with a switched parametric/transform coder. Time-scaling thesized with no time-scale modification,@t1. The right-side

the sines is a straightforward change to the synthesis frame lengttplots show the same synthesized signals, but time-scale modified
[6], and time-scaling noise is simply time-interpolating the Bark- with a=2, or twice as slow with the same pitch. Notice how the
band noise gains. In order to time-scale the transients, they aresines and noise are stretched, but the transients are only translated.
Also, the vertical amplitude scale on the bottom noise plots are

6. COMPRESSED DOMAIN PROCESSING

not stretched like the sines and noise. Rather, theyrareslated
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in time. This assures that all attacks will remain as sharp as theyamplified 15 dB for better viewing.

were in the original; they just now happen at different times. A
graphic example of this process can be seen in Figure 7.
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7. CONCLUSIONS
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In this paper, we show that a low bitrate audio compression system
can be designed with good quality and the ability to perform com-
pressed domain processing. Both parametric and transform coder$5]
are used, and are dynamically and seamlessly switched depending

on a transient detector.
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