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Abstract— A jointly optimised turbo transceiver ca- The MPEG-4 T/F codec is based on the MPEG-2 AAC
pable of providing unequal error protection is proposed standard, extended by a number of additional functionalities,
for employment in an MPEG-4 aided audio transceiver. such as Perceptual Noise Substitution (PNS) and Long Term
The transceiver advocated consists of Space-Time Trellis Prediction (LTP) for enhancing the achievable compression per-
Coding (STTC), Trellis Coded Modulation (TCM) andtwo  formance, and combined with the TwinVQ for operation at ex-
different-rate Non-Systematic Convolutional codes (NSCs) tremely low bit rates. Another important feature of this codec
used for unequal error protection. A benchmarker sche- isits robustness against transmission errors in error-prone prop-
me combining STTC and a single-class protection NSC is agation channels [4]. The error resilience of the MPEG-4 T/F
used for comparison with the proposed scheme. The au- codec is mainly attributed to the so-called Virtual Codebook
dio performance of the both schemes is evaluated when tool (VCB11), Reversible Variable Length Coding tool (RVLC)
communicating over uncorrelated Rayleigh fading chan- and Huffman Codeword Reordering tool (HCR) [4, 5], which
nels. It was found that the proposed unequal protection facilitate the integration of the MPEG-4 T/F codec into wire-
turbo-transceiver scheme requires about two dBs lower transless systems.
mit power than the single-class turbo benchmarker scheme
in the context of the MPEG-4 audio transceiver, when aim-
ing for an effective throughput of 2 bits/symbol, while ex-
hibiting a similar decoding complexity.

In this study the MPEG-4 audio codec was incorporated in
a sophisticated unequal-protection turbo transceiver using joint
coding and modulation as inner coding, twin-class convolu-
tional outer coding as well as space time coding based spatial
1. MOTIVATION AND BACKGROUND diversity. Specifically, maximal minimum distance Non-Sys-
tematic Convolutional codes (NSCs) [10, p. 331] having two
The MPEG-4 standard [1, 2] defines a comprehensive mulglifferent code-rates were used as outer encoders for providing
media content representation scheme that is capable of supequal audio protection. On one hand, Trellis Coded Modula-
porting numerous applications - such as streaming multiméon (TCM) [6-8] constitutes a bandwidth-efficient joint chan-
dia signals over the internet/intranet, content-based storage @l coding and modulation scheme, which was originally de-
retrieval, digital multimedia broadcast or mobile communicasigned for transmission over Additive White Gaussian Noise
tions. The audio-related section of the MPEG-4 standard [$fWGN) channels. On the other hand, Space-Time Trellis
defines audio codecs covering a wide variety applicationsCoding (STTC) [7, 9] employing multiple transmit and re-
ranging from narrowband low-rate speech to high quality mulceive antennas is capable of providing spatial diversity gain.
tichannel audio, and from natural sound to synthesized souM¢hen the spatial diversity order is sufficiently high, the chan-
effects as a benefit of its object-based approach used for repi€l’s Rayleigh fading envelope is transformed to a Gaussian-
senting the audio signals. like near-constant envelope. Hence, the benefits of a TCM
The MPEG-4 General Audio (GA) encoder is capable ofcheme designed for AWGN channels will be efficiently ex-
compressing arbitrary natural audio signals. One of the kd3joited, when TCM is concatenated with STTC.
components of the MPEG-4 GA encoder is the Time/Frequency

(T/F) compression scheme constituted by the Advanced Audio \ye ij| demonstrate that significant iteration gains are at-

Coding (AAC) and Transform based Weighted Vector Quarineq with the aid of the proposed turbo transceiver. The paper

tization (TwinVQ), which is capable of operating at bitrate§g g ctyred as follows. In Section 2 we describe the MPEG-
ranging from 6 kbit/s to broadcast quality audio at 64 kbit/s [1], 5,qio codec, while in Section 3 the architecture of the turbo
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Figure 1: Block diagram of the serially concatenated STTC-TCM-2NSC assisted MPEG-4 audio scheme. The sotations

b;, u;, c, x; andy;, denote the vector of the audio source symbol, the estimate of the audio source symbol, theuothss-
bits, the estimates of the classudio bits, the encoded bits of clasBISC encoders, the TCM coded symbols, the STTC coded
symbols for transmittej and the received symbols at receiverespectively. Furthermoréy, and NV,. denote the number of
transmitters and receivers, respectively. The symbol-based channel interleaver between the STTC and TCM schemes as v
the two bit-based interleavers at the output of NSC encoders are not shown for simplicity. The iterative decoder seen at the
is detailed in Figure 2.

2. AUDIO SYSTEM OVERVIEW number of MPEG-4 encoded bits falls into class-1.
At the receiver, the output of the turbo transceiver is de-

As mentioned above, the MPEG-4 AAC is based on time/freqGedeg using the MPEG-4 AAC decoder. During the decoding
audio coding, which provides redundancy reduction by exploifrocess, the erroneously received audio frames were dropped
ing the correlation between subsequent audio samples of t@d replaced by the previous error-free audio frame for the sake
input signal. Furthermore, the codec uses perceptual modellig§avoiding an even more dramatic error-infested audio-quality
of the human auditory system for masking the quantisation digegradation [11, 12].

tortion of the encoded audio signals by allowing more distor-

tion in those frequer_1cy bands, where the signal exhibits higher 3. THE TURBO TRANSCEIVER

energy peaks and vice versa [4, 5].

The MPEG-4 AAC is capable of providing an attractive auThe block diagram of the serially concatenated STTC-TCM-
dio quality versus bitrate performance, yielding high-fidelityyNSC turbo scheme using a STTC, a TCM and two different-
audio reconstruction for bit rates in excess of 32 kbit/s pegate NSCs as its constituent codes is depicted in Figure 1. Since
channel. In the proposed wireless system the MPEG-4 AAfpe number of class-1 audio bits is approximately the same as
is used for encoding the stereo audio file at a bit rate of 4@at of the class-2 audio bits and there are approximately 1116
kbit/s. The audio input signal was sampled at 44.1 kHz argts per audio frame, we protect the 558-bit class-1 audio se-
hence results in an audio framelength of 23.22 ms, which cafuence using a rat&®; NSC encoder and the 558-bit class-2
responds to 1024 audio input samples. The compressed @@yuence using a rafe; NSC encoder. Let us denote the turbo
dio information is formatted into a packetized bitstream, whicRcheme as STTC-TCM-2NSC-1 when the NSC coding rates of
conveyed one audio frame. In our system, the average trang; — , /n; = 1/2 andR, = ky/n, = 3/4 are used. Further-
mission frame size is approximately 1116 bits per frame. Thgore, when the NSC coding rates®f = 2/3 andR, = 3/4
audio Segmental Signal to Noise Ratio (SegSNR) of this corre used, we denote the turbo scheme as STTC-TCM-2NSC-2.
figuration was found to b&, = 16.28dB, which gives a trans- The code memory of the class-1 and class-2 NSC encoders is
parent audio quality. L, = 3andL, = 3, respectively. The class-1 and class-2 NSC

It is well recognised that in highly compressed audio biteoded bit sequences are interleaved by two separate bit inter-
streams a low bit error ratio (BER) may lead to perceptuallieavers, before they are fed to the rdtge-= 3/4 TCM [6—
unacceptable distortion. In order to prevent the complete lo8% scheme having a code memory bf = 3. Code termi-
of transmitted audio frames owing to catastrophic error propration was employed for the NSCs, TCM [6-8] and STTC
agation, the most sensitive bits have to be well protected frooodecs [7, 9]. The TCM symbol sequence is then symbol-
channel errors. Hence, in the advocated system Unequal Erioterleaved and fed to the STTC encoder. We invoke a 16-state
Protection (UEP) is employed, where the compressed auds¥ TC scheme having a code memorylof = 4 and V; = 2
bitstream was partitioned into two sensitivity classes. Mor&ansmit antennas, employing = 16-level Quadrature Am-
explicitly, an audio bit, which resulted in a SegSNR degradalitude Modulation (16QAM) [8]. The STTC employiny; =
tion above 16 dB upon its corruption was classified into pra2 requires one 16QAM-based termination symbol. The over-
tection class-1. A range of different audio files were used iall coding rate is given by?,; = 1116/2520 ~ 0.4429 and
our work and the results provided are related to a 60 seconffs, = 1116/2152 ~ 0.5186 for the STTC-TCM-2NSC-1
long excerpt of Mozart's "Clarinet Concerto (2nd movement and STTC-TCM-2NSC-2 schemes, respectively. The effec-
Adagio)”. From the bit sensitivity studies using this audio filetive throughput of the STTC-TCM-2NSC-1 and STTC-TCM-
as the source, we found that approximately 50% of the totdNSC-2 schemes ibg,(M)Rs1 ~ 1.77 Bits Per Symbol
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Figure 2: Block diagram of the STTC-TCM-2NSC turbo detection scheme seen at the right of Figure 1. The notatigns
and }bi) denote the interleaver and deinterleaver, while the subsgrif@notes the symbol-based interleaver of TCM and
the subscripb; denotes the bit-based interleaver for cladéSC. Furthermore¥ and¥ ! denote LLR-to-symbol probability

and symbol probability-to-LLR conversion, whife¢ andQ~! denote the parallel-to-serial and serial-to-parallel converter, re-
spectively. The notatiom denotes the number of information bits per TCM coded symbol. The thickness of the connectin
lines indicates the number of non-binary symbol probabilities spanning from a single LLR perBitaod2™*! probabili-

ties [13]©IEE, 2004, Ng, Chung and Hanzo.

(BPS) andog,(M)Rss ~ 2.07 BPS, respectively. STTC-NSC arrangement. All audio bits are equally protected
At the receiver, we employ, = 2 receive antennas and in the benchmarker scheme by a single NSC encoder and a
the received signals are fed to the iterative decoders for the sak&TC encoder. A bit-based channel interleaver is inserted be-
of estimating the audio bit sequences in both class-1 and clad¥een the NSC encoder and STTC encoder. Taking into ac-
2, as seen in Figure 1. The STTC-TCM-2NSC scheme’s turlf@unt the bits required for code termination, the number of
decoder structure is illustrated in Figure 2, where there are fo@ptput bits of the NSC encoder ($116 + ko Lo)/ Ry = 2244,
constituent decoders, each labelled with a round-bracketed Mhich corresponds to 561 16QAM symbols. Again, a 16-state
dex. The Maximum A-Posteriori (MAP) algorithm [7] oper- STTC scheme having/; = 2 transmit antennas is employed.
ating in the logarithmic-domain are employed by the STTCAfter code termination, we hava6l + 1 = 562 16QAM
TCM and the two NSC decoders, respectively. The notatioyMbols or4(562) = 2248 bits in a transmission frame at
P(.) andL(.) in Figure 2 denote the logarithmic-domain sym-€ach transmit antenna. The overall coding rate is given by
bol probabilities and the Logarithmic-Likelihood Ratio (LLR) £ = 1116/2248 ~ 0.4964 and the effective throughput is

of the bit probabilities, respectively. The notationsu and 1082(16)R ~ 1.99 BPS, both of which are very close to the
b; in the round brackets.) in Figure 2 denote TCM coded corresponding values of the STTC-TCM-2NSC-2 scheme. A

symbols, TCM information symbols and the class4dio bits, decoding iteration of the STTC-NSC benchmarker scheme is

respectively. The specific nature of the probabilities and LLR&Mprised of a STTC decoding and a NSC decoding step.
is represented by the subscriptsp, e andi, which denote
a priori, a posteriori, extrinsic andintrinsic information,
respectively. The probabilities and LLRs associated with one
of the four constituent decoders having a labe{bf2, 3a, 3b}
are differentiated by the identical superscript§ bf2, 3a, 3b}. We will quantify the decoding complexity of the proposed
Note that the superscrit is used for representing the two STTC-TCM-2NSC scheme and that of the benchmarker scheme
NSC decoders dfa and3b. The iterative turbo-detection schenlging the number of decoding trellis states. The total number
shown in Figure 2 enables an efficient information exchangst decoding trellis states per iteration for the proposed scheme
between STTC, TCM and NSCs constituent codes for the Sagﬂ]ploy"‘]g 2 NSC decoders ha\/ing a code memorlpf:
of achieving spatial diversity gain, coding gain, unequal errof, — 3, TCM havingLs; = 3 and STTC having., = 4, is
proctection and a near-channel-capacity performance. The {iyen by § = 2L + 2L2 4 2Ls 4 2Ls = 40. By contrast,
formation exchange mechanism between each constituent gga total number of decoding trellis states per iteration for the
coders is detailed in [13]. benchmarker scheme having a code memory.of= 6 and

For the sake of benchmarking the scheme advocated, & TC havingL, = 4, is given byS = 2%0 4+ 284 = 80,
created a powerful benchmark scheme by replacing the TCWherefore, the complexity of the proposed STTC-TCM-2NSC
and NSC encoders of Figure 1 by a single NSC codec haseheme having two iterations is equivalent to that of the bench-
ing a coding rate oRRy = ko/no = 1/2 and a code memory marker scheme having a single iteration, which corresponds to
of Ly = 6. We will refer to this benchmarker scheme as th&0 decoding states.
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4. SIMULATION RESULTS

1
In this section we evaluate the performance of the proposed
MPEG-4 based audio telephone schemes using both the Bitis |
12 ¢

Error Ratio (BER) and the Segmental Signal to Noise Ratio
(SegSNR).
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Figure 3: BER versu€, /N, performance of the 16QAM-

based STTC-TCM-2NSC-1 assisted MPEG-4 audio scheme, 16
when communicating over uncorrelated Rayleigh fading chan-

nels. The effective throughput was77 BPS
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Figure 4: BER versu€, /N, performance of the 16QAM-
based STTC-TCM-2NSC-2 assisted MPEG-4 audio sche
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Figure 5: Average SegSNR versu /N, performance of
the 16QAM-based STTC-TCM-2NSC assisted MPEG-4 audio
scheme, when communicating over uncorrelated Rayleigh fad-
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Figure 6: Average SegSNR versus /N, performance of
the 16QAM-based STTC-NSC assisted MPEG-4 audio bench-
marker scheme, when communicating over uncorrelated Ray-
leigh fading channels. The effective throughput W29 BPS

dio bits of STTC-TCM-2NSC-1 have a higher protection at
e cost of a lower throughput compared to the STTC-TCM-

t
r%‘NSC-Z scheme. However, the BER performance of the class-
audio bits of the STTC-TCM-2NSC-1 arrangement is ap-

roximately 0.5 dB poorer than that of STTC-TCM-2NSC-2
t BER=105.

tio (SNR) per bit, namely, / Ny, performance of the 16QAM-

based STTC-TCM-2NSC-1 and STTC-TCM-2NSC-2 schemes, Let us now study the audio SegSNR performance of the
respectively, when communicating over uncorrelated Rayleiggthemes in Figures 5 and 6. As we can see from Figure 5,
fading channels. As we can observe from Figures 3 and 4, thiee SegSNR performance of STTC-TCM-2NSC-1 is inferior in
gap between the BER performance of the class-1 and class@mparison to that of STTC-TCM-2NSC-2, despite providing
audio bits is wider for STTC-TCM-2NSC-1 compared to thea higher protection for the class-1 audio bits. More explicitly,

STTC-TCM-2NSC-2 scheme. More explicitly, the class-1 auSTTC-TCM-2NSC-2 require&, /Ny = 2.5 dB, while STTC-



TCM-2NSC-1 requiress;, /Ny = 3 dB, when having an audio performance of the proposed STTC-TCM-2NSC scheme was
SegSNR in excess of 16 dB after the fourth turbo iteratiorenhanced with the advent of an efficient iterative joint decod-
Hence the audio SegSNR performance of STTC-TCM-2NSQ@ag structure. The MPEG-4 audio decoder was found to re-
1is 0.5 dB poorer than that of STTC-TCM-2NSC-2 after thejuire a very low BER for both classes of audio bits in order to
fourth iteration. Note that the BER of the class-1 and classttain a perceptually pleasing, artefact-free audio quality. The
2 audio bits for the corresponding valueskf/N,, SegSNR proposed twin-class STTC-TCM-2NSC scheme performs ap-
and iteration index is less tha®)~" and 10—, respectively, proximately 2 dB better in terms of the requiréy /N, than
for the two different turbo schemes. After the sixth iterationthe single-class STTC-NSC audio benchmarker.
the SegSNR performance of both turbo schemes becomes quite
similar since the corresponding BER is low. These results 6. REFERENCES
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