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Changes in the C-Code appendix:

_______________________________________________________________

In the encoder file aacenc.c remove the line 84:

“
   memset(hAacEnc,0,sizeof(struct AAC_ENCODER));

 “

_______________________________________________________________

In the encoder file block_switch.c remove lines 62ff:

“

  /* Initialize HighPass-FIR-Filter */

  for (i=0; i<BLOCK_SWITCHING_IIR_LEN; i++) {

    blockSwitchingControl->iirStates[i] = 0;  /* clear filter delay-line */             move32();

  }

  /* Clear Filtered Window Energies */

  for (w = 0; w < BLOCK_SWITCH_WINDOWS; w++) {

    blockSwitchingControl->windowNrgF[0][w] = 0;                                        move32();

    blockSwitchingControl->windowNrgF[1][w] = 0;                                        move32();

  }

  blockSwitchingControl->accWindowNrg = 0;                                              move32();

  /* Clear Window Energies */

  for (w = 0; w < BLOCK_SWITCH_WINDOWS; w++) {

    blockSwitchingControl->windowNrg[0][w] = 0;                                         move32();

    blockSwitchingControl->windowNrg[1][w] = 0;                                         move32();

  }

  /* Initialize startvalue for blocktype */

  blockSwitchingControl->windowSequence = LONG_WINDOW;                                  move16();

  blockSwitchingControl->nextwindowSequence = LONG_WINDOW;                              move16();

  blockSwitchingControl->attack = 0;                                                    move16();

  blockSwitchingControl->lastattack = 0;  
“

_______________________________________________________________

In the encoder file psy_main.c line 60ff remove the following lines (lines to be removed marked in yellow colour):

“

Word16 PsyNew(PSY_KERNEL *hPsy, Word32 nChan)

{

  Word16 i;

  memset(hPsy, 0, sizeof(PSY_KERNEL));  

  for (i=0; i<nChan; i++){

    /*

      reserve memory for mdct delay buffer

    */

    hPsy->psyData[i].mdctDelayBuffer = &mdctDelayBuffer[i*BLOCK_SWITCHING_OFFSET];

    memset(hPsy->psyData[i].mdctDelayBuffer, 0, BLOCK_SWITCHING_OFFSET*sizeof(Word16));

 memop16(BLOCK_SWITCHING_OFFSET);
    /*

      reserve memory for mdct spectum

    */

    hPsy->psyData[i].mdctSpectrum = &mdctSpectrum[i*FRAME_LEN_LONG];

    memset(hPsy->psyData[i].mdctSpectrum, 0, FRAME_LEN_LONG*sizeof(Word32));

    memop32(FRAME_LEN_LONG);
  }

  hPsy->pScratchTns = scratchTNS;

  memset(hPsy->pScratchTns, 0, FRAME_LEN_LONG*sizeof(Word32));

  memop32(FRAME_LEN_LONG);
  return 0;

} 

“

_______________________________________________________________

In the encoder file qc_main.c line 109ff remove the following lines (lines to be removed marked in yellow colour):

“

Word16 QCOutNew(QC_OUT *hQC, Word16 nChannels)

{

  Word16 error;

  Word16 i, j;

  error = 0;                                                            move16();

  memset(hQC,0,sizeof(QC_OUT));
  for (i=0; i<nChannels; i++) {

    hQC->qcChannel[i].quantSpec = &quantSpec[i*FRAME_LEN_LONG];

    for (j=0; j<FRAME_LEN_LONG; j++) {

      hQC->qcChannel[i].quantSpec[j] = 0;                               move16();

    }
    hQC->qcChannel[i].maxValueInSfb = &maxValueInSfb[i*MAX_GROUPED_SFB];

    for (j=0; j<MAX_GROUPED_SFB; j++) {

      hQC->qcChannel[i].maxValueInSfb[j] = 0;                           move16();

    }
    hQC->qcChannel[i].scf = &scf[i*MAX_GROUPED_SFB];

    for (j=0; j<MAX_GROUPED_SFB; j++) {

      hQC->qcChannel[i].scf[j] = 0;                                     move16();

    }
  }

  test();

  if (error) {

    QCOutDelete(hQC);

    hQC = 0;

  }

  return (hQC == 0);

}

“
_______________________________________________________________

In the resampler file downsample_FIR.c remove the following lines:

Remove lines 69-70:

“

   memset(ReSampler_fir->firFilter.delayLine,0,sizeof(ReSampler_fir->firFilter.delayLine));

   memop16(BUFFER_SIZE_2_1);

“

remove lines 100-101:

“

   memset(ReSampler_fir->firFilter.delayLine,0,sizeof(ReSampler_fir->firFilter.delayLine));

   memop16(BUFFER_SIZE_3_2);

“

remove lines 131-132:

“

   memset(ReSampler_fir->firFilter.delayLine,0,sizeof(ReSampler_fir->firFilter.delayLine));

   memop16(BUFFER_SIZE_2_1);

“

_______________________________________________________________

In the encoder file env_est.c line 1292ff replace the following lines (lines to be removed/changed are marked in yellow colour):

“

Word32

CreateExtractSbrEnvelope (Word16 chan,

                          HANDLE_SBR_EXTRACT_ENVELOPE  hSbrCut,

                          Word16 no_cols,

                          Word16 no_rows,

                          Word16 start_index,

                          Word16 time_slots, 

                          Word16 time_step                          )

{

  Word16 i;

  Word16 YBufferLength, rBufferLength;

  memset(hSbrCut,0,sizeof(SBR_EXTRACT_ENVELOPE));

  memop16((sizeof(SBR_EXTRACT_ENVELOPE)+1)/sizeof(Word16));
  hSbrCut->YBufferWriteOffset = no_cols;                                       move16();

  hSbrCut->YBufferReadOffset  = 0;                                             move16();

  hSbrCut->rBufferWriteOffset = 0;                                             move16();

  hSbrCut->rBufferReadOffset  = 0;                                             move16();

  YBufferLength = add(hSbrCut->YBufferWriteOffset, no_cols);

  rBufferLength = add(hSbrCut->rBufferWriteOffset, no_cols);

  hSbrCut->pre_transient_info[0] = 0;                                          move16();

  hSbrCut->pre_transient_info[1] = 0;                                          move16();

  hSbrCut->no_cols = no_cols;                                                  move16();

  hSbrCut->no_rows = no_rows;                                                  move16();

  hSbrCut->start_index = start_index;                                          move16();

  hSbrCut->time_slots = time_slots;                                            move16();

  hSbrCut->time_step = time_step;                                              move16();

  assert(rBufferLength  ==   QMF_TIME_SLOTS);

  assert(YBufferLength  == 2*QMF_TIME_SLOTS);

  assert(no_rows        ==   QMF_CHANNELS);

  hSbrCut->yBufferScale[0] = INT_BITS-1;                                     move16();

  YBufferLength = shr(YBufferLength, 1);

  hSbrCut->YBufferWriteOffset = shr(hSbrCut->YBufferWriteOffset, 1);

  hSbrCut->YBufferReadOffset  = shr(hSbrCut->YBufferReadOffset, 1);

  for (i = 0; i < YBufferLength; i++) {

    hSbrCut->YBuffer[i] = &sbr_envYBuffer[chan*YBufferLength*no_rows + i*QMF_CHANNELS];              move16();

memset( hSbrCut->YBuffer[i],0,QMF_CHANNELS*sizeof(Word32));

    memop32(QMF_CHANNELS);
  }

  for (i = 0; i < rBufferLength; i++) {

    hSbrCut->rBuffer[i] = &sbr_envRBuffer[chan*rBufferLength*no_rows + i*QMF_CHANNELS];              move16();

    hSbrCut->iBuffer[i] = &sbr_envIBuffer[chan*rBufferLength*no_rows + i*QMF_CHANNELS];              move16();

    memset( hSbrCut->rBuffer[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);

    memset( hSbrCut->iBuffer[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
  }

  for (i = 0; i < NUMBER_TIME_SLOTS_2048; i++) { /* re-use iBuffer memory  */

    hSbrCut->tmpEnergiesM[i] = ((Word32*)sbr_envIBuffer) + i * MAX_FREQ_COEFFS;                      move16();

    memset( hSbrCut->tmpEnergiesM[i],0,MAX_FREQ_COEFFS*sizeof(Word32));

    memop32(MAX_FREQ_COEFFS);
  }

  memset(hSbrCut->envelopeCompensation,0,sizeof(Word8)*MAX_FREQ_COEFFS);

  memop16((MAX_FREQ_COEFFS+1)/sizeof(Word16));

  return (0);

}

 “

with

“

Word32

CreateExtractSbrEnvelope (Word16 chan,

                          HANDLE_SBR_EXTRACT_ENVELOPE  hSbrCut,

                          Word16 no_cols,

                          Word16 no_rows,

                          Word16 start_index,

                          Word16 time_slots, 

                          Word16 time_step                          )

{

  Word16 i;

  Word16 YBufferLength, rBufferLength;

  hSbrCut->YBufferWriteOffset = no_cols;                                       move16();

  hSbrCut->YBufferReadOffset  = 0;                                             move16();

  hSbrCut->rBufferWriteOffset = 0;                                             move16();

  hSbrCut->rBufferReadOffset  = 0;                                             move16();

  YBufferLength = add(hSbrCut->YBufferWriteOffset, no_cols);

  rBufferLength = add(hSbrCut->rBufferWriteOffset, no_cols);

  hSbrCut->pre_transient_info[0] = 0;                                          move16();

  hSbrCut->pre_transient_info[1] = 0;                                          move16();

  hSbrCut->no_cols = no_cols;                                                  move16();

  hSbrCut->no_rows = no_rows;                                                  move16();

  hSbrCut->start_index = start_index;                                          move16();

  hSbrCut->time_slots = time_slots;                                            move16();

  hSbrCut->time_step = time_step;                                              move16();

  assert(rBufferLength  ==   QMF_TIME_SLOTS);

  assert(YBufferLength  == 2*QMF_TIME_SLOTS);

  assert(no_rows        ==   QMF_CHANNELS);

  YBufferLength = shr(YBufferLength, 1);

  hSbrCut->YBufferWriteOffset = shr(hSbrCut->YBufferWriteOffset, 1);

  hSbrCut->YBufferReadOffset  = shr(hSbrCut->YBufferReadOffset, 1);

  if (hSbrCut->YBuffer[0] == NULL) { /* this is the first initialization */
    hSbrCut->yBufferScale[0] = INT_BITS-1;                                     move16();

  }
  for (i = 0; i < YBufferLength; i++) {

    hSbrCut->YBuffer[i] = &sbr_envYBuffer[chan*YBufferLength*no_rows + i*QMF_CHANNELS];              move16();

  }

  for (i = 0; i < rBufferLength; i++) {

    hSbrCut->rBuffer[i] = &sbr_envRBuffer[chan*rBufferLength*no_rows + i*QMF_CHANNELS];              move16();

    hSbrCut->iBuffer[i] = &sbr_envIBuffer[chan*rBufferLength*no_rows + i*QMF_CHANNELS];              move16();

  }

  for (i = 0; i < NUMBER_TIME_SLOTS_2048; i++) { /* re-use iBuffer memory  */

    hSbrCut->tmpEnergiesM[i] = ((Word32*)sbr_envIBuffer) + i * MAX_FREQ_COEFFS;                      move16();

  }

  memset(hSbrCut->envelopeCompensation,0,sizeof(Word8)*MAX_FREQ_COEFFS);

  memop16((MAX_FREQ_COEFFS+1)/sizeof(Word16));

  return (0);

}

“

_______________________________________________________________

In the encoder file fram_gen.c line 365ff remove the following lines (lines to be removed marked in yellow colour):

“

void

createFrameInfoGenerator (HANDLE_SBR_ENVELOPE_FRAME  hSbrEnvFrame,

                          Word16 allowSpread,

                          Word16 numEnvStatic,

                          Word16 staticFraming,

                          Word16 timeSlots,

                          Word16 freq_res_fixfix)

{                               /* FH 00-06-26 */

  memset(hSbrEnvFrame,0,sizeof(SBR_ENVELOPE_FRAME ));

  memop16((sizeof(SBR_ENVELOPE_FRAME)+1)/sizeof(Word16));

  /* Initialisation */

  hSbrEnvFrame->frameClassOld = FIXFIX;                                                 move16();

  hSbrEnvFrame->spreadFlag = 0;                                                         move16();
  hSbrEnvFrame->allowSpread = allowSpread;                                              move16();

  hSbrEnvFrame->numEnvStatic = numEnvStatic;                                            move16();

  hSbrEnvFrame->staticFraming = staticFraming;                                          move16();

  hSbrEnvFrame->freq_res_fixfix = freq_res_fixfix;                                      move16();

  hSbrEnvFrame->length_v_bord = 0;                                                      move16();

  hSbrEnvFrame->length_v_bordFollow = 0;                                                move16();

  hSbrEnvFrame->length_v_freq = 0;                                                      move16();

  hSbrEnvFrame->length_v_freqFollow = 0;                                                move16();

  hSbrEnvFrame->i_tranFollow = 0;                                                       move16();

  hSbrEnvFrame->i_fillFollow = 0;                                                       move16();
  hSbrEnvFrame->SbrGrid.numberTimeSlots = timeSlots;                                    move16();

  hSbrEnvFrame->dmin = 4;                                                               move16();

  hSbrEnvFrame->dmax = 12;                                                              move16();

  hSbrEnvFrame->SbrGrid.bufferFrameStart = BUFFER_FRAME_START_2048;                     move16();

  hSbrEnvFrame->frameMiddleSlot = FRAME_MIDDLE_SLOT_2048;                               move16();

}

“

_______________________________________________________________

In the encoder file ps_enc.c line 58ff replace the following lines (lines to be removed/added are marked in yellow colour):

“

Word32 CreatePsEnc(HANDLE_PS_ENC h_ps_e, /*!< Parametric stereo encoder instance */

                   Word32 psMode           /*!< Selects coarse or fine frequency resolution */

                   )

{

  Word32 i;

  Word32 *ptr1 = (Word32*)&sbr_envYBuffer[QMF_TIME_SLOTS * QMF_CHANNELS];

  Word16 *ptr2 = ps_histQmfBuffer;

  Word16 *ptr3 = ps_tempQmfBuffer;

  /* ptr1 is used as temporary bitstream buffer

     and for the hybrid filterbank subband samples. */

  CreateBitBuffer(&h_ps_e->psBitBuf,

                  (UWord8*)ptr1,

                  (255+15));
  h_ps_e->psMode = psMode;                                                                 move32();

  h_ps_e->bPrevZeroIid = 0;                                                                move32();

  h_ps_e->bPrevZeroIcc = 0;                                                                move32();

  logic32(); test(); test();

  h_ps_e->bHiFreqResIidIcc = ( ( psMode & PS_MODE_LOW_FREQ_RES_IID_ICC ) != 0 )? 0: 1;     move32();

  test();

  h_ps_e->iidIccBins = ( h_ps_e->bHiFreqResIidIcc )? NO_IID_BINS: NO_LOW_RES_IID_BINS;     move32();

  h_ps_e->aaaICCDataBuffer = ps_IccDataBuffer;                                             move32();

  h_ps_e->aaaIIDDataBuffer = ps_IidDataBuffer;                                             move32();

  /* Setup pointers to hybrid filterbank subband samples */

  for (i=0 ; i < QMF_TIME_SLOTS ; i++) {

    h_ps_e->mHybridRealLeft[i] = ptr1;                                                     move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

    memset(h_ps_e->mHybridRealLeft[i],0,NO_HYBRID_BANDS*sizeof(Word32));

    memop32(NO_HYBRID_BANDS);
    h_ps_e->mHybridImagLeft[i] = ptr1;                                                     move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

    memset(h_ps_e->mHybridImagLeft[i],0,NO_HYBRID_BANDS*sizeof(Word32));

    memop32(NO_HYBRID_BANDS);
    h_ps_e->mHybridRealRight[i] = ptr1;                                                    move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

    memset(h_ps_e->mHybridRealRight[i],0,NO_HYBRID_BANDS*sizeof(Word32));

    memop32(NO_HYBRID_BANDS);
    h_ps_e->mHybridImagRight[i] = ptr1;                                                    move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

    memset(h_ps_e->mHybridImagRight[i],0,NO_HYBRID_BANDS*sizeof(Word32));

    memop32(NO_HYBRID_BANDS);
  }

  /* Setup QMF delay buffer: past 12 subband-samples for 3 channels... */

  for (i=0 ; i < HYBRID_FILTER_DELAY ; i++) {

    h_ps_e->histQmfLeftReal[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    memset(h_ps_e->histQmfLeftReal[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
    h_ps_e->histQmfLeftImag[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    memset(h_ps_e->histQmfLeftImag[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
    h_ps_e->histQmfRightReal[i] = ptr2;                                                    move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    memset(h_ps_e->histQmfRightReal[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
    h_ps_e->histQmfRightImag[i] = ptr2;                                                    move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    memset(h_ps_e->histQmfRightImag[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
    h_ps_e->tempQmfLeftReal[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

    memset(h_ps_e->tempQmfLeftReal[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
    h_ps_e->tempQmfLeftImag[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

    memset(h_ps_e->tempQmfLeftImag[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
    h_ps_e->tempQmfRightReal[i] = ptr3;                                                    move16();

    ptr3 =(Word16*) L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

    memset(h_ps_e->tempQmfRightReal[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
    h_ps_e->tempQmfRightImag[i] = ptr3;                                                    move16();

    ptr3 =(Word16*) L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

    memset(h_ps_e->tempQmfRightImag[i],0,NO_QMF_BANDS_IN_HYBRID*sizeof(Word16));

    memop16(NO_QMF_BANDS_IN_HYBRID);
  }

  /* ...and all 64 channels for the past 6 subband-samples */

  for (i=HYBRID_FILTER_DELAY ; i < QMF_BUFFER_MOVE ; i++) {

    h_ps_e->histQmfLeftReal[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    memset(h_ps_e->histQmfLeftReal[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
    h_ps_e->histQmfLeftImag[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    memset(h_ps_e->histQmfLeftImag[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
    h_ps_e->histQmfRightReal[i] = ptr2;                                                    move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    memset(h_ps_e->histQmfRightReal[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
    h_ps_e->histQmfRightImag[i] = ptr2;                                                    move16();

    ptr2 =(Word16*) L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    memset(h_ps_e->histQmfRightImag[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
    h_ps_e->tempQmfLeftReal[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

    memset(h_ps_e->tempQmfLeftReal[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
    h_ps_e->tempQmfLeftImag[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

    memset(h_ps_e->tempQmfLeftImag[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
    h_ps_e->tempQmfRightReal[i] = ptr3;                                                    move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

    memset(h_ps_e->tempQmfRightReal[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
    h_ps_e->tempQmfRightImag[i] = ptr3;                                                    move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

    memset(h_ps_e->tempQmfRightImag[i],0,QMF_CHANNELS*sizeof(Word16));

    memop16(QMF_CHANNELS);
  }

  /* Clear all energy values */

  memset( h_ps_e->powerLeft    , 0, sizeof( h_ps_e->powerLeft     ) );

  memop16(sizeof(h_ps_e->powerLeft)/sizeof(Word16));

  memset( h_ps_e->powerRight   , 0, sizeof( h_ps_e->powerRight    ) );

  memop16(sizeof(h_ps_e->powerRight)/sizeof(Word16));

  memset( h_ps_e->powerCorrReal, 0, sizeof( h_ps_e->powerCorrReal ) );

  memop16(sizeof(h_ps_e->powerCorrReal)/sizeof(Word16));

  memset( h_ps_e->powerCorrImag, 0, sizeof( h_ps_e->powerCorrImag ) );

  memop16(sizeof(h_ps_e->powerCorrImag)/sizeof(Word16));
  for (i=0; i<h_ps_e->iidIccBins; i++) {

    h_ps_e->aaaIIDDataBuffer[i] = 0x00000000;                                              move32();

    h_ps_e->aaaICCDataBuffer[i] = 0x7fffffff;                                              move32();

  }
  return 0;

}

“

with

“

 Word32 CreatePsEnc(HANDLE_PS_ENC h_ps_e, /*!< Parametric stereo encoder instance */

                   Word32 psMode           /*!< Selects coarse or fine frequency resolution */

                   )

{

  Word32 i;

  Word32 *ptr1 = (Word32*)&sbr_envYBuffer[QMF_TIME_SLOTS * QMF_CHANNELS];

  Word16 *ptr2 = ps_histQmfBuffer;

  Word16 *ptr3 = ps_tempQmfBuffer;

  h_ps_e->psMode = psMode;                                                                 move32();

  h_ps_e->bPrevZeroIid = 0;                                                                move32();

  h_ps_e->bPrevZeroIcc = 0;                                                                move32();

  logic32(); test(); test();

  h_ps_e->bHiFreqResIidIcc = ( ( psMode & PS_MODE_LOW_FREQ_RES_IID_ICC ) != 0 )? 0: 1;     move32();

  test();

  h_ps_e->iidIccBins = ( h_ps_e->bHiFreqResIidIcc )? NO_IID_BINS: NO_LOW_RES_IID_BINS;     move32();

  h_ps_e->aaaICCDataBuffer = ps_IccDataBuffer;                                             move32();

  h_ps_e->aaaIIDDataBuffer = ps_IidDataBuffer;                                             move32();

  /* Setup pointers to hybrid filterbank subband samples */

  for (i=0 ; i < QMF_TIME_SLOTS ; i++) {

    h_ps_e->mHybridRealLeft[i] = ptr1;                                                     move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

    h_ps_e->mHybridImagLeft[i] = ptr1;                                                     move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

    h_ps_e->mHybridRealRight[i] = ptr1;                                                    move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

    h_ps_e->mHybridImagRight[i] = ptr1;                                                    move32();

    ptr1 = (Word32*)L_add((Word32)ptr1, NO_HYBRID_BANDS * sizeof(*ptr1));

  }

  /* Setup QMF delay buffer: past 12 subband-samples for 3 channels... */

  for (i=0 ; i < HYBRID_FILTER_DELAY ; i++) {

    h_ps_e->histQmfLeftReal[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    h_ps_e->histQmfLeftImag[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    h_ps_e->histQmfRightReal[i] = ptr2;                                                    move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    h_ps_e->histQmfRightImag[i] = ptr2;                                                    move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr2));

    h_ps_e->tempQmfLeftReal[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

    h_ps_e->tempQmfLeftImag[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

    h_ps_e->tempQmfRightReal[i] = ptr3;                                                    move16();

    ptr3 =(Word16*) L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

    h_ps_e->tempQmfRightImag[i] = ptr3;                                                    move16();

    ptr3 =(Word16*) L_add((Word32)ptr3, NO_QMF_BANDS_IN_HYBRID * sizeof(*ptr3));

  }

  /* ...and all 64 channels for the past 6 subband-samples */

  for (i=HYBRID_FILTER_DELAY ; i < QMF_BUFFER_MOVE ; i++) {

    h_ps_e->histQmfLeftReal[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    h_ps_e->histQmfLeftImag[i] = ptr2;                                                     move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    h_ps_e->histQmfRightReal[i] = ptr2;                                                    move16();

    ptr2 = (Word16*)L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    h_ps_e->histQmfRightImag[i] = ptr2;                                                    move16();

    ptr2 =(Word16*) L_add((Word32)ptr2, QMF_CHANNELS * sizeof(*ptr2));

    h_ps_e->tempQmfLeftReal[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

    h_ps_e->tempQmfLeftImag[i] = ptr3;                                                     move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

    h_ps_e->tempQmfRightReal[i] = ptr3;                                                    move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

    h_ps_e->tempQmfRightImag[i] = ptr3;                                                    move16();

    ptr3 = (Word16*)L_add((Word32)ptr3, QMF_CHANNELS * sizeof(*ptr3));

  }

  /* ptr1 is used as temporary bitstream buffer

     and for the hybrid filterbank subband samples. */

  test();

  if (h_ps_e->psBitBuf.isValid == 0) {

    CreateBitBuffer(&h_ps_e->psBitBuf,

                    (UWord8*)ptr1,

                    (255+15));

    for (i=0; i<h_ps_e->iidIccBins; i++) {

      h_ps_e->aaaICCDataBuffer[i] = 0x7fffffff;                                            move32();

    }

  }
  return 0;

}

“

_______________________________________________________________

In the encoder file qmf_enc.c replace lines 796ff (lines to be removed/added are marked in yellow colour):

“

Word16

CreateSynthesisQmfBank (HANDLE_SBR_QMF_FILTER_BANK h_sbrQmf, /*!< Handle to return */

                        Word16 noCols                        /*!< Number of timeslots per frame */ 

                        )

{

  memset(h_sbrQmf,0,sizeof(SBR_QMF_FILTER_BANK)); 

  memop16(sizeof(SBR_QMF_FILTER_BANK)/sizeof(Word16));
  h_sbrQmf->p_filter = sbr_qmf_64_640_enc;                                      move32();

  h_sbrQmf->no_channels = NO_SYNTHESIS_CHANNELS;                                move16();

  h_sbrQmf->no_col = noCols;                                                    move16();

  h_sbrQmf->FilterStates = sbr_QmfStatesSynthesis;

  memset(h_sbrQmf->FilterStates,0,(QMF_FILTER_STATE_SYN_SIZE)*sizeof(Word32));

  memop32(QMF_FILTER_STATE_SYN_SIZE);
  h_sbrQmf->qmfStatesScale = INT_BITS-2;                                      move16();

  h_sbrQmf->qmfScale = 0;                                                       move16();

  h_sbrQmf->cos_twiddle     = sbr_cos_twiddle_L32_enc;                          move32();

  h_sbrQmf->sin_twiddle     = sbr_sin_twiddle_L32_enc;                          move32();

  h_sbrQmf->alt_sin_twiddle = sbr_alt_sin_twiddle_L32_enc;                      move32();

  return 0;

} 

“

with

“

Word16

CreateSynthesisQmfBank (HANDLE_SBR_QMF_FILTER_BANK h_sbrQmf, /*!< Handle to return */

                        Word16 noCols                        /*!< Number of timeslots per frame */ 

                        )

{

  h_sbrQmf->p_filter = sbr_qmf_64_640_enc;                                      move32();

  h_sbrQmf->no_channels = NO_SYNTHESIS_CHANNELS;                                move16();

  h_sbrQmf->no_col = noCols;                                                    move16();

  if (h_sbrQmf->FilterStates == NULL) { /* this QMF bank hasn't been initialized before */
    h_sbrQmf->qmfStatesScale = INT_BITS-2;                                      move16();

  }
  h_sbrQmf->FilterStates = sbr_QmfStatesSynthesis;

  h_sbrQmf->cos_twiddle     = sbr_cos_twiddle_L32_enc;                          move32();

  h_sbrQmf->sin_twiddle     = sbr_sin_twiddle_L32_enc;                          move32();

  h_sbrQmf->alt_sin_twiddle = sbr_alt_sin_twiddle_L32_enc;                      move32();

  return 0;

}

“

furthermore remove lines 962ff:

“

  memset(h_sbrQmf->qmf_states_buffer,0,QMF_FILTER_LENGTH*sizeof(Word16));

  memop16(QMF_FILTER_LENGTH);

  h_sbrQmf->qmfScale = 0;    














move16();

  h_sbrQmf->qmfStatesScale = 0;  












move16();

“

_______________________________________________________________

In the encoder file sbr_main.c remove line 714:

“

memset(hEnvEnc,0, tmp);                                    memop16(tmp/sizeof(Word16));

 “

furthermore replace lines 737ff:

“

  CreateBitBuffer(&hEnvEnc->CmonData.sbrBitbuf,

                  hEnvEnc->sbrPayload,

                  sizeof(hEnvEnc->sbrPayload));

  CreateBitBuffer(&hEnvEnc->CmonData.sbrBitbufPrev,

                  hEnvEnc->sbrPayloadPrev,

                  sizeof(hEnvEnc->sbrPayloadPrev));

 “

with (added lines are marked with yellow colour)

“

  test();

  if (hEnvEnc->CmonData.sbrBitbuf.isValid == 0) {
    CreateBitBuffer(&hEnvEnc->CmonData.sbrBitbuf,

                    hEnvEnc->sbrPayload,

                    sizeof(hEnvEnc->sbrPayload));

  }

  test();

  if (hEnvEnc->CmonData.sbrBitbufPrev.isValid == 0) {
    CreateBitBuffer(&hEnvEnc->CmonData.sbrBitbufPrev,

                    hEnvEnc->sbrPayloadPrev,

                    sizeof(hEnvEnc->sbrPayloadPrev));

  }
“

furthermore replace lines 865ff:

“

 test();

    if (createEnvChannel(1,

                         &hEnvEnc->sbrConfigData,

                         &hEnvEnc->sbrHeaderData,

                         hEnvEnc->hEnvChannel[1],

                         params

                         )){

      EnvClose (hEnvEnc);

      return(1);

    }

“

with

“

    test();

    if(createQmfBank (1, &hEnvEnc->hEnvChannel[1]->sbrQmf)){

      return 1;

    }

    if(CreateExtractSbrEnvelope (1,

                                 &hEnvEnc->hEnvChannel[1]->sbrExtractEnvelope,

                                 hEnvEnc->hEnvChannel[1]->sbrQmf.no_col,

                                 hEnvEnc->hEnvChannel[1]->sbrQmf.no_channels,

                                 576,16,2

                                 )) {

      return 1;

    }

“

_______________________________________________________________

In the encoder file FFR_bitbuffer.h add the following member to the BIT_BUF struct in line 41:

“

   Word16  isValid;             /*!< indicates whether the instance has been initialized */

“

_______________________________________________________________

In the encoder file bitbuffer.c add the following lines:

In line 45 add:

“

hBitBuf->isValid     = 1;                                  move16();
“
In line 72 add:

“

(*hBitBuf)->isValid = 0;  
                                move16();
“
In line 119 add:

“

hBitBufDst->isValid     = hBitBufSrc->isValid;             move16();
“
_______________________________________________________________

Add the new file brswitchmain.c which may serve as an alternative encoder frontend to simulate bitrate switching:

“

/*

   Sample Application w/ support for switching the bitrate at predefined frames

 */

#include <stdio.h>

#include <stdlib.h>

#include <assert.h>

#include <string.h>

/* for MPEG-4/3GPP file format support */

#include "mp4file.h"

#include "ISOMovies.h"

/* for WAV audio file support */

#include "au_channel.h"

#include "aacenc.h"

#include "downsample_FIR.h"

#include "sbr_main.h"

/* ETSI operators types and WMOPS measurement */

#include "typedef.h"

#include "count.h"

/* Profiling */

enum {

  SBR_ENC = 0,

  RESAMPLER,

  AAC_ENC

};

#ifdef WMOPS

#define MEASURE_MAIN_WORST_CASE

/*#define MEASURE_MAIN_AVERAGE*/

#endif

/* dynamic buffer of SBR that can be reused for resampling */

extern Word16 sbr_envRBuffer[];

#define CORE_DELAY   (1600)

#define INPUT_DELAY  ((CORE_DELAY)*2 +6*64-2048+1)     /* ((1600 (core codec)*2 (multi rate) + 6*64 (sbr dec delay) - 2048 (sbr enc delay) + magic*/

#define MAX_DS_FILTER_DELAY 70                         /* the additional max resampler filter delay (source fs)*/

/*

input buffer (1ch)

|------------ 1537   -------------|-----|------ 2048 -----------------|

(core2sbr delay     )          ds     (read, core and ds area)

*/

static Word16 inputBuffer[(AACENC_BLOCKSIZE*2 + MAX_DS_FILTER_DELAY + INPUT_DELAY)*MAX_CHANNELS];

static UWord32 outputBuffer[(6144/8)*MAX_CHANNELS/(sizeof(Word32))];

static RESAMPLER_FIR_2_1 down2Sampler[MAX_CHANNELS];

static RESAMPLER_FIR_2_1 up2Sampler[MAX_CHANNELS];

static RESAMPLER_FIR_3_2 down3Sampler[MAX_CHANNELS];

Word32 cntId[MAXCOUNTERS]; /* global counters, may be used for profiling */

static Word32 sampleRateAAC;

static Word32 sampleRateIn;

static Word16 coreReadOffset = 0;

static Word16 envWriteOffset = 0;

static Word16 envReadOffset = 0;

static Word16 writeOffset=INPUT_DELAY*MAX_CHANNELS;

static Flag   useParametricStereo = 0;

static Flag   bDoUpsample = 0;

static Flag   upsampleReadOffset = 0;

static Flag   bDo32Resample = 0;

static Flag   downsample = 0;

static struct AAC_ENCODER *hAacEnc = NULL;

static struct SBR_ENCODER *hEnvEnc = NULL;

static Flag configureEncoder (Word32 bitrate, AACENC_CONFIG *hConfig)

{

  sbrConfiguration sbrConfig;

  if ( !IsSbrSettingAvail(bitrate, hConfig->nChannelsOut, sampleRateIn, (UWord32*)&sampleRateAAC) ) {

    fprintf(stderr,"\nconfiguration not supported\n" );

    return 1;

  }

  InitializeSbrDefaults( &sbrConfig );

  sbrConfig.usePs = useParametricStereo;

  AdjustSbrSettings( &sbrConfig,

                     bitrate,

                     hConfig->nChannelsOut,

                     sampleRateAAC,

                     AACENC_TRANS_FAC,

                     24000 );

  EnvOpen( &hEnvEnc,

           &sbrConfig,

           &hConfig->bandWidth );

  writeOffset = INPUT_DELAY*MAX_CHANNELS;

  /* set FIR resampler */

  if ( bDoUpsample ) {

    downsample = 0;

    InitResampler_firUp2( &(up2Sampler[0]), sampleRateAAC, sampleRateAAC * 2 );

#if (MAX_CHANNELS>1)

    InitResampler_firUp2( &(up2Sampler[1]), sampleRateAAC, sampleRateAAC * 2 );

#endif

    writeOffset   += AACENC_BLOCKSIZE * MAX_CHANNELS;

    if (useParametricStereo) {

      upsampleReadOffset  = writeOffset;

      envWriteOffset  = envReadOffset;

    }

    else {

      coreReadOffset      = writeOffset;

      upsampleReadOffset  = writeOffset - (((INPUT_DELAY-up2Sampler[0].delay) >> 1) * MAX_CHANNELS);

      envWriteOffset      = ((INPUT_DELAY-up2Sampler[0].delay) &  0x1) * MAX_CHANNELS;

      envReadOffset       = 0;

    }

  }

  else {

    if ( bDo32Resample ) {

      InitResampler_firDown32( &(up2Sampler[0]), &(down3Sampler[0]), sampleRateAAC * 3, sampleRateAAC * 2 );

#if (MAX_CHANNELS>1)

      InitResampler_firDown32( &(up2Sampler[1]), &(down3Sampler[1]), sampleRateAAC * 3, sampleRateAAC * 2 );

#endif

    }

    if (useParametricStereo) {

      downsample = 0;

      envReadOffset = (MAX_DS_FILTER_DELAY + INPUT_DELAY)*MAX_CHANNELS;

      writeOffset = envReadOffset;

    }

    else {

      downsample = 1;

      writeOffset = INPUT_DELAY * MAX_CHANNELS;

    }

  }

  if ( downsample ) {

    Word32 transitionFac;

    transitionFac = (sampleRateAAC-hConfig->bandWidth*2) * 1000 / sampleRateAAC;

    InitResampler_firDown2( &(down2Sampler[0]), sampleRateAAC * 2, sampleRateAAC );

#if (MAX_CHANNELS>1)

    InitResampler_firDown2( &(down2Sampler[1]), sampleRateAAC * 2, sampleRateAAC );

#endif

    if (!useParametricStereo)

      writeOffset += down2Sampler[0].delay * MAX_CHANNELS;

  }

  hConfig->sampleRate = sampleRateAAC;

  if ( AacEncOpen(&hAacEnc, *hConfig) ) {

    fprintf(stderr,"\nAacEncOpen failed\n" );

    return 1;

  }

  return 0;

}

static void getNextConfig (FILE *fid, Word32 *nextFrame, Word32 *nextBitrate)

{

  if (!fid) return;

  if (fscanf (fid, "%d %d\n", (int *) nextFrame, (int *) nextBitrate) != 2) *nextFrame = (Word32) 0;

}

int main( int argc, char **argv )

{

  AuChanInfo inputInfo;

  hAudioChannel inputFile = NULL;

  AuChanType auType = TYPE_AUTODETECT ; /* must be set */

  AuChanMode auFlags = AU_CHAN_READ;

  AuChanError auError;

  AACENC_CONFIG config;

  HANDLE_MP4_FILE hMp4File;

  FILE *configFid;

  Word32 nextCfgFrame = 0, nextCfgBitrate = 0;

  Flag   bEncodeMono = 0;

  Word16 ch;

  Word16 dummy;

  Word32 bitrate;

  Word16 nChannelsAAC, nChannelsSBR;

  Word32 frmCnt = 0;

  Word16 numAncDataBytes=0;

  UWord8 ancDataBytes[MAX_PAYLOAD_SIZE];

  Word32 numSamplesRead;

  Flag   bDingleRate = 0;

  Word16 inSamples;

  Word16 nRuns;

  Word16 *resamplerScratch = sbr_envRBuffer;

  UWord32 numOutBytes = 0;

  Word32 i = 0;

  UWord8 *bitstreamOut = (UWord8*)outputBuffer;

  Word32 *nOutBytes = (Word32*)&numOutBytes;                         

  Word16 numEncSamples;

  fprintf(stderr,"\n");

  fprintf(stderr,"*************************************************************\n");

  fprintf(stderr,"* Enhanced aacPlus 3GPP ETSI-op Reference Encoder (bitrate switching)\n");

  fprintf(stderr,"* Build %s, %s\n", __DATE__, __TIME__);

  fprintf(stderr,"*\n");

  fprintf(stderr,"*************************************************************\n\n");

  /*

   * parse command line arguments

   */

  if (argc != 5 && argc != 6) {

    fprintf(stderr, "\nUsage:   %s <wav_file> <bitstream_file> <bitrate> <(m)ono/(s)tereo> (<config file>)\n", argv[0]);

    fprintf(stderr, "\nExample: %s input.wav out.3gp 24000 s\n", argv[0]);

    fprintf(stderr, "\nOptionally an ASCII formatted config file may be given to simulate bitrate switching");

    fprintf(stderr, "\nEach line of the config file shall hold: <numFrame> <new bitrate> <CR>");

    fprintf(stderr, "\nThe config file may hold an arbitraty number of lines");

    fprintf(stderr, "\nExample: %s input.wav out.3gp 24000 s config.txt\n", argv[0]);

    return 0;

  }

  bitrate = atoi(argv[3]);

  if ( strcmp (argv[4],"m") == 0 ) {

    bEncodeMono = 1;

  }

  else {

    if ( strcmp (argv[4],"s") != 0 ) {

      fprintf(stderr, "\nWrong mode %s, use either (m)ono or (s)tereo\n", argv[4]);

      return 0;

    }

  }

  fflush(stdout);

  /*

    open audio input file

  */

  inputInfo.bitsPerSample  = 16 ;       /* only relevant if valid == 1 */

  inputInfo.sampleRate     = 44100 ;    /* only relevant if valid == 1 */

  inputInfo.nChannels      = 2 ;        /* only relevant if valid == 1 */

  inputInfo.nSamples       = 0 ;        /* only relevant if valid == 1 */

  inputInfo.isLittleEndian = 1;

  inputInfo.fpScaleFactor  = 1.0 ;      /* must be set */

  inputInfo.valid          = 1 ;        /* must be set */

  inputInfo.useWaveExt     = 0;

  auError = AuChannelOpen (&inputFile, argv[1], auFlags, &auType, &inputInfo);

  if(auError != AU_CHAN_OK){

    fprintf(stderr,"could not open %s\n", argv[1]);

    exit(10);

  }

  if ( (!bEncodeMono) && (inputInfo.nChannels!=2) ) {

    fprintf(stderr,"Need stereo input for stereo coding mode !\n");

    exit(10);

  }

#if (MAX_CHANNELS==1)

  if (!bEncodeMono) {

    fprintf(stderr,"Mono encoder cannot encode stereo coding mode !\n");

    exit(10);

  }

  if (inputInfo.nChannels!=1) {

    fprintf(stderr,"Mono encoder can only handle mono input files !\n");

    exit(10);

  }

#endif

  if (argc == 6) {

    configFid = fopen(argv[5], "rt");

    if (configFid == NULL) {

      fprintf(stderr,"Could not open config input file !\n");

      goto close_encoder;

    }

  }

  sampleRateAAC = sampleRateIn = inputInfo.sampleRate;

  /* open encoder */

  /* make reasonable default settings */

  AacInitDefaultConfig(&config);

  nChannelsAAC = nChannelsSBR = bEncodeMono ? 1:inputInfo.nChannels;

  if ( (inputInfo.nChannels == 2) && (!bEncodeMono) && (bitrate >= 16000) && (bitrate < 36000) ) {

    useParametricStereo = 1;

  }

  if (useParametricStereo) {

    nChannelsAAC = 1;

    nChannelsSBR = 2;

  }

  if ( ( (inputInfo.sampleRate == 48000) && (nChannelsAAC == 2) && (bitrate < 24000) )

       || ( (inputInfo.sampleRate == 48000) && (nChannelsAAC == 1) && (bitrate < 12000) ) ) {

    bDo32Resample  = 1;

  }

  if (inputInfo.sampleRate == 16000) {

    bDoUpsample = 1;

    inputInfo.sampleRate = 32000;

    bDingleRate = 1;

  }

  sampleRateAAC = inputInfo.sampleRate;

  if (bDo32Resample) {

    sampleRateAAC = 32000;

  }

  config.bitRate = bitrate;

  config.nChannelsIn = nChannelsSBR;

  config.nChannelsOut = nChannelsAAC;

  //  config.bandWidth=bandwidth;

  /* initial setup phase */    

  if (configureEncoder (bitrate, &config)) {

    fprintf (stderr, "\nencoder couldn't be configured.\n");

    return 1;

  }

  getNextConfig (configFid, &nextCfgFrame, &nextCfgBitrate);

  fprintf(stderr, "read frame %d, bitrate %d from file\n", nextCfgFrame, nextCfgBitrate);

  for ( i = 0; i < (Word32)sizeof(inputBuffer)/2; i++ ) {

    inputBuffer[i] = 0;

  }

  /*

    set up MPEG-4/3GPP file format library (not instrumented nor accounted for RAM requirements)

  */

  {

    UWord8 ASConfigBuffer[80];

    UWord32  nConfigBits;

    UWord32  nConfigBytes;

    memset (ASConfigBuffer, 0, 80);

    if ( GetMPEG4ASConfig( (unsigned int)sampleRateAAC,

                           (unsigned int)nChannelsAAC,

                           (unsigned  char*)ASConfigBuffer,

                           (unsigned int*)&nConfigBits,

                           (int)1,

                           (int)bDingleRate) ) {

      fprintf(stderr, "\nCould not initialize Audio Specific Config\n");

      exit(10);

    }

    nConfigBytes = (nConfigBits+7)>>3;

    if (OpenMP4File(&hMp4File,

                    ASConfigBuffer,

                    nConfigBytes,

                    argv[2],

                    (!bDingleRate) ? sampleRateAAC*2 : sampleRateAAC, /* output sampleRate */

                    bitrate,

                    nChannelsAAC,

                    1,

                    1) ) {

      fprintf(stderr, "\nFailed to create 3GPP file\n") ;

      exit(10);

    }

  }

  /*

    Be verbose

  */

  fprintf(stdout,"input file %s: \nsr = %d, nc = %d\n\n",

          argv[1], (bDoUpsample) ? inputInfo.sampleRate/2 : inputInfo.sampleRate, inputInfo.nChannels);

  fprintf(stdout,"output file %s: \nbr = %ld sr-OUT = %ld  nc-OUT = %d\n\n",

          argv[2], bitrate, (!bDingleRate) ? sampleRateAAC*2 : sampleRateAAC, nChannelsSBR);

  fflush(stdout);

  Init_WMOPS_counter();

#ifdef MEASURE_MAIN_AVERAGE

  cntId[SBR_ENC]        = getCounterId("SBR Encoder");

  cntId[RESAMPLER]      = getCounterId("Resampler");

  cntId[AAC_ENC]        = getCounterId("AAC Encoder");

#endif

#ifdef MEASURE_MAIN_WORST_CASE

  cntId[0]        = getCounterId("Enhanced aacPlus Encoder");

#endif

  /*

    set up input samples block size feed

  */

  inSamples = AACENC_BLOCKSIZE * inputInfo.nChannels * 2 ;

  if (bDo32Resample) {

    inSamples = (AACENC_BLOCKSIZE + AACENC_BLOCKSIZE / 2) * inputInfo.nChannels * 2;

  }

  else {

    if (bDoUpsample) {

      inSamples = AACENC_BLOCKSIZE * inputInfo.nChannels;

    }

    else {

      inSamples = AACENC_BLOCKSIZE * inputInfo.nChannels * 2;

    }

  }

  while ( 1 ) { /* encode loop */

#if defined(MEASURE_MAIN_AVERAGE) || defined(MEASURE_MAIN_WORST_CASE)

    /* initiate counter */

    setCounter(cntId[SBR_ENC]); 

    Reset_WMOPS_counter ();

#endif

    /* encode one frame */

    if (bDo32Resample) {

      Word16 outSamplesPerCh;

      Word16 idx = writeOffset;

      for (nRuns = 0; nRuns<2; nRuns++) {

        AuChannelReadShort(inputFile, resamplerScratch, inSamples/2, (int*)&numSamplesRead);

        if ( !numSamplesRead ) {

          fprintf( stderr, "\nend of %s reached\n", argv[2] );

          goto close_encoder;

        }

        /* downmix stereo input signal to mono */

        if ( inputInfo.nChannels == 2 && bEncodeMono) {

          for (i=0; i<numSamplesRead/2; i++)

            resamplerScratch[MAX_CHANNELS*i] = (resamplerScratch[2*i] + resamplerScratch[2*i+1])/2;

        }

        if ( config.nChannelsIn == 1 && inputInfo.nChannels == 1) {

          for(i=numSamplesRead-1;i>=0;i--) {

            resamplerScratch[MAX_CHANNELS*i] = resamplerScratch[i];

          }

          numSamplesRead *= 2;

        }

        /* 3:2 resampler */

        for ( ch = 0; ch < config.nChannelsIn; ch++ ) {

          Resample_firDown32( &(up2Sampler[ch]), 

                              &(down3Sampler[ch]), 

                              resamplerScratch+ch,

                              numSamplesRead/MAX_CHANNELS,

                              MAX_CHANNELS,

                              &inputBuffer[idx+ch],

                              &outSamplesPerCh,

                              MAX_CHANNELS );

        }

        idx += outSamplesPerCh * MAX_CHANNELS;

      }

      numSamplesRead = 2 * outSamplesPerCh * MAX_CHANNELS;

    }

    else {

      AuChannelReadShort(inputFile, inputBuffer + writeOffset, inSamples, (int*)&numSamplesRead);

      if ( !numSamplesRead ) {

        fprintf( stderr, "\nend of %s reached\n", argv[2] );

        goto close_encoder;

      }

      /* downmix stereo input signal to mono */

      if ( inputInfo.nChannels == 2 && bEncodeMono) {

        for (i=0; i<numSamplesRead/2; i++)

          inputBuffer[writeOffset+MAX_CHANNELS*i] = (inputBuffer[writeOffset+2*i] + inputBuffer[writeOffset+2*i+1])/2;

      }

#ifndef MONO_ONLY

      /* a stereo encoder always needs two channel input */

      if ( config.nChannelsIn == 1 && inputInfo.nChannels == 1) {

        for(i=numSamplesRead-1;i>=0;i--) {

          inputBuffer[writeOffset+MAX_CHANNELS*i] = inputBuffer[writeOffset+i];

        }

        numSamplesRead *= 2;

      }

#endif

    }

    numEncSamples = 0;

    if (bDoUpsample) {

      for(ch=0;ch < inputInfo.nChannels;ch++) {

        Resample_firUp2( &(up2Sampler[ch]), 

                         inputBuffer+upsampleReadOffset+ch,

                         numSamplesRead/MAX_CHANNELS,

                         MAX_CHANNELS,

                         inputBuffer+envWriteOffset+ch,

                         &dummy,

                         MAX_CHANNELS );

      }

    }

    EnvEncodeFrame( hEnvEnc,

                    inputBuffer+envReadOffset,

                    inputBuffer,             /*!< Downmixed time samples (output) */

                    MAX_CHANNELS,

                    &numAncDataBytes,

                    ancDataBytes );

#ifdef MEASURE_MAIN_AVERAGE

    /* setup counters for resampler */

    fwc();

    setCounter(cntId[RESAMPLER]); 

    Reset_WMOPS_counter();

#endif

    if ( downsample ) {

      for ( ch = 0; ch < nChannelsAAC; ch++ ) {

        Word16 outSamples;

        Resample_firDown2( &(down2Sampler[ch]), 

                           inputBuffer+writeOffset+ch,

                           numSamplesRead/MAX_CHANNELS,

                           MAX_CHANNELS,

                           inputBuffer+ch,

                           &outSamples,

                           MAX_CHANNELS );

        numEncSamples += outSamples; 

      }

    } 

    else {

      if (useParametricStereo) {

        for ( i = AACENC_BLOCKSIZE-1; i >= 0; i-- ) {

          inputBuffer[coreReadOffset+i*MAX_CHANNELS] = inputBuffer[i];

        }

      }

    }

#ifdef MEASURE_MAIN_AVERAGE

    /* setup counters for AAC encoder */

    fwc();

    setCounter(cntId[AAC_ENC]); 

    Reset_WMOPS_counter();

#endif

    AacEncEncode( hAacEnc,

                  inputBuffer+coreReadOffset,

                  ancDataBytes,

                  &numAncDataBytes,

                  bitstreamOut,

                  nOutBytes );

    if (bDoUpsample) {

      memmove( &inputBuffer[envReadOffset],

               &inputBuffer[envReadOffset+AACENC_BLOCKSIZE*MAX_CHANNELS*2],

               (envWriteOffset-envReadOffset)*sizeof(Word16));

      memmove( &inputBuffer[upsampleReadOffset],

               &inputBuffer[upsampleReadOffset+AACENC_BLOCKSIZE*MAX_CHANNELS],

               (writeOffset-upsampleReadOffset)*sizeof(Word16));

    }

    else {

      memmove( inputBuffer,inputBuffer+AACENC_BLOCKSIZE*2*MAX_CHANNELS,writeOffset*sizeof(Word16));

    }

    /*

      Write one frame of encoded audio to file

    */

    if (numOutBytes) {

      MP4FileAddFrame( hMp4File,

                       (unsigned int*)outputBuffer,

                       numOutBytes );

    }

    frmCnt++;

    if (frmCnt == nextCfgFrame) {

      fprintf(stderr, "reconfiguring for bitrate %d\n", nextCfgBitrate);

      if (configureEncoder (nextCfgBitrate, &config)) {

         goto close_encoder;

      }

      getNextConfig (configFid, &nextCfgFrame, &nextCfgBitrate);

      fprintf(stderr, "read frame %d, bitrate %d from file\n", nextCfgFrame, nextCfgBitrate);

    }

    fprintf( stderr, "\r[%ld]", frmCnt );

    fwc();

#ifdef MEASURE_MAIN_WORST_CASE

    WMOPS_output(0);

#endif

  }

 close_encoder:

  /*

    Close encoder

  */

#ifdef MEASURE_MAIN_AVERAGE

  WMOPS_summary(0);

#endif

  fprintf( stderr,"\n" ); 

  fflush( stderr );

  AuChannelClose (inputFile);

  if (WriteMP4File( hMp4File)) {

    fprintf(stderr, "Writing of 3GPP file failed.");

    exit(10);

  }

  CloseMP4File( hMp4File);

  printf("\nencoding finished\n");

  return 0;

}
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